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part in the production of the phenomenon. 


OCTOBER 1961, VOLUME 9, NUMBER 4 


A Study of Interference Effects in Magnetic Recording 


J. G. Woopwarp AND M. PRADERVAND 
RCA Laboratories, Princeton, New Jersey 


When a long recording gap is used in magnetic-tape recording, recording-response characteristics 
are sometimes obtained which exhibit a series of maxima and minima, with the frequencies of the 
maxima and minima being closely related to the gap length. 
which this type of characteristic is obtained are described, and various explanations of the phe- 
nomenon offered in the past are considered. Additional, new experimental data are presented 
which show that the undulations in the recording characteristic are due to reinforcement and can- 
cellation of the induction recorded on the tape due to the passage of the tape through two distinct 
recording regions, one at the leading edge and one at the trailing edge of the gap. 
shown that both perpendicular and longitudinal components of the recording field play a significant 


In this study the conditions under 


It is further 


INTRODUCTION 


HEN we consider the remarkable advances made in 

magnetic-recording techniques in recent years, it is 
disconcerting to realize that a recording phenomenon ob- 
served many years ago still has not received a completely 
satisfactory and verified explanation. The phenomenon is 
manifested by a recording response-frequency characteristic 
exhibiting a series of regularly-spaced maxima and minima 
as illustrated in Fig. 1. Such a characteristic is obtained 
only under certain operating conditions which will be de- 
scribed in the next section. While it seems likely that this 
phenomenon must have been observed by a number of early 
investigators of magnetic recording, it appears that Axon! 
in 1952 was the first to attempt an explanation of the ob- 
servations in the technical literature. Subsequently, other 
workers offered explanations. As a part of the present study 
some new experimental results were obtained which permit 
us to assess the earlier explanations and finally to give an 
adequate qualitative explanation of the phenomenon. 


CONDITIONS UNDER WHICH THE EFFECT IS OBTAINED 
Typical examples of recording characteristics exhibiting 
maxima and minima are shown in Fig. 1. These curves were 


1P. E. Axon, “An Investigation into the Mechanism of Magnetic- 
Tape Recording,” Proc. Inst. Elec. Engrs. 99, Part III, 8 (May, 1952). 


obtained by recording signals on tape using the recording 
gap lengths indicated on the figure. The playback gap 
length of approximately 20 microinches was much shorter 
than the shortest wavelength involved in the frequency 
range shown, so the form of the characteristics cannot be at- 
tributed to a playback scanning function. The tape speed 
was 1% ips, and 100 kc/s bias frequency was used, with a 
signal-to-bias amplitude ratio of about 1:10. The tape was 
one having acicular, longitudinal-oriented particles. Sub- 
stantially the same curves were obtained when recording 
with dc rather than ac bias. In particular, the frequencies 
of the minima did not change significantly in changing from 
ac to dc bias. 

We note, first, the regularity in separation of the frequen- 
cies of the minima. Also, the frequencies and separations of 
the minima appear to be closely correlated with the length 
of the recording gap. The form of the curves, namely, 
broad maxima and sharp minima, strongly suggests the 
action of interference effects resulting from the superposi- 
tion of two signals having different phases, leading to rein- 
forcement and cancellation. We shall see below that the 
phenomenon is, indeed, a result of such an interference effect. 

Figure 2 shows the effect of bias level on the recording 
characteristic. With an increase in the bias level the maxima 
and minima become less distinct until, for a sufficiently large 
bias, they disappear completely. We note, however, that the 
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frequencies of the minima change very little as the bias is 
changed. Along with the change in bias there occurs a 
change in the location and extent of the field capable of influ- 
encing the tape at the recording gap. When the bias level is 
low, so that sharp minima are obtained in the recording char- 
acteristic, the effective recording field consists of two sharp, 
distinct regions, one at the leading edge and the other at 
the trailing edge of the gap. For a larger bias level, the two 
recording regions become broader. Finally, for a bias level 
sufficient to suppress the irregularities in the recording 
characteristic, the two recording regions merge into a single, 
broad region extending over the full length of the gap. 

The extent and the changes of the recording regions just 
described were observed by holding a length of recording 
tape stationary against the recording gap, increasing dc bias 
current in the head to a desired value and then reducing the 
current to zero. The tape was removed from the head and 
immersed momentarily in a suspension of fine magnetic 
particles in a volatile liquid. Upon evaporation of the liquid, 
the pattern of magnetic particles on the tape surface showed 
clearly the regions of the tape which had been influenced by 
the gap field. 

It appears, therefore, that the existence of two distinct 
recording regions through which each elementary length of 
tape passes successively is a necessary condition for the pro- 
duction of the observed interference effects. The possibility 
that this is the case has been suggested by several investi- 
gators, most recently by Guckenburg and Mee.” 

One other parameter affecting the recording response may 
be mentioned, namely, the separation between the tape and 
the recording head. Increasing the head-to-tape spacing re- 
duces the sharpness of the minima in the recording charac- 
teristic until, for a sufficiently great separation, they are no 
longer observable. However, at the same time that the 
minima are becoming less distinct as a result of an increased 
head-to-tape spacing, their frequencies are shifted to slightly 
higher values. Such a shift of the minima to higher fre- 
quencies would be expected if the two recording regions were 
to move closer together. A study of plots of the computed 
field pattern above an ideal recording gap* shows that the 
two regions of maximum field at the gap edges do, indeed, 
shift toward the central plane of the gap at increased separa- 
tion from the gap. While the field maxima shift toward the 
central plane, they also become less pronounced until, at a 
distance above the gap equal to about 0.3 gap length, the 
field above the gap is nearly uniform across the whole ex- 
tent of the gap. 

On the basis of the above observations we are led to the 
conclusion that the existence of two distinct recording re- 
gions, corresponding to two maxima in the gap field, is a 
necessary condition for the production of recording charac- 
teristics exhibiting distinct maxima and minima of the type 
shown in Fig. 1. The gap field through which the tape 


2W. P. Guckenburg and C. D. Mee, “Visible Magnetic Recording,” 
J. Audio Eng. Soc. 9, 107 (April, 1961). 

* Plots of gap fields have been published by a number of workers 
and will not be reproduced here. The reader may find examples of 
such plots in references 6, 7 and 10. 
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FREQUENCY IN CYCLES PER SECOND 
Fic. 1. Typical long-gap recording characteristics; 1 = gap length; 
tape speed = 17% ips. 


passes will provide two distinct recording regions when two 
conditions are met: 1) The separation between head and 
tape must be small compared to the recording gap length; 
2) the field strength at the recording gap must be sufficiently 
low to ensure that the field in the region between the field 
maxima cannot influence the tape. 


CONSIDERATION OF VARIOUS EXPLANATIONS 


We will now briefly consider hypotheses which have been 
proposed to explain the observed irregularities in the record- 
ing characteristic. The earliest published explanation is that 
of Axon.* Axon began by assuming that the tape passes 
through a uniform field equal in extent to the recording gap 
and that during passage through this field each element of 
tape is subjected to only a relatively few cycles of high-fre- 
quency bias. These assumptions together with the supposi- 
tion that accommodation® in the magnetic recording medium 
is significant lead to the prediction of maxima and minima 
in the recording characteristic The minima occur at fre- 
quencies for which the recording gap length is approximately 
equal to 0.75 A, 1.75 A, 2.75 A, etc., where A is the recorded 
wavelength. While accommodation may play a part in the 
magnetic-recording process under certain conditions, it is 
extremely doubtful that accommodation is sufficient to ac- 
count for the magnitude of the undulations actually observed 
in the recording characteristic under conditions for which 
each tape element experiences as many as 200 cycles of 


4P. E. Axon, op. cit. 

5 Accommodation is the term applied to the behavior of magnetic 
materials when demagnetized and then subjected to an alternating 
magnetic field having equal magnitudes in both polarities. Under cer- 
tain conditions a symmetrical hysteresis loop is not achieved until the 
material has experienced many cycles. Until symmetry is finally 
achieved, the hysteresis loop is shifted in the direction acquired dur- 
ing the first half cycle of the applied alternating field. 
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FREQUENCY IN CYCLES PER SECOND 


Fic. 2. Long-gap recording characteristics showing effect of bias 
level. Gap length = 1.1 mil; tape speed = 1% ips. 


high-frequency bias in traversing the recording field. The 
hypothesis is even more deficient when dc-bias recording is 
considered. Moreover, as discussed in the preceding section, 
the existence of two distinct recording regions at the gap 
is a requisite condition, whereas Axon assumed a single, ex- 
tended region. We therefore conclude that Axon’s explana- 
tion does not adequately fit the facts as we now know them. 

Other investigators have conjectured that the undulations 
in the recording characteristic were due to interference ef- 
fects resulting from the presence of the two recording regions 
at the gap edges. One supposes that each element of tape 
attains a remanent induction upon passage through the re- 
cording region at the leading edge of the gap. This induc- 
tion is subsequently altered as the tape element passes 
through the recording region at the trailing edge of the gap. 
The most obvious expectation from this simple model is that 
the final remanent induction will have a minimum value 
when the two recording regions are separated by a distance 
approximately equal to 0.5 A, 1.5 A, 2.5 A, etc. Under these 
circumstances the polarity of the signal is reversed during 
the time of passage of a tape element from the first record- 
ing region to the second. In terms of the recording charac- 
teristic, the minima of the characteristic should, therefore, 
occur at frequencies 

fn = (v/l) (n-0.5) 
where v is linear tape speed, / is recording gap length, and n 
is the order of the minimum, i.e.,m = 1,2,3 .. . etc. 

We encounter the inadequacy of this simple model when 
we measure the frequencies of the observed minima in Fig. 
1 and calculate the values of (//v) + f,. Instead of (n - 0.5) 
we obtain values ranging from (m - 0.40) to (m - 0) for vari- 
ous minima. For each gap length the discrepancy between 
observation and prediction becomes greater in going to mini- 
ma of higher order. In making these computations the meas- 
ured mechanical gap length was taken as the separation of 
the two recording regions. Since there is a small effective 
spacing between the recording head and the tape coating, the 
separation of the two recording regions will be slightly less 
than the gap length. If a value for the separation of only 


i | ae 


3 to 5 percent less than the gap length is used in the calcula- 
tion, the values of (l/v) - f, become about (m - 0.35) for all 
orders of minima, within the accuracy of the measurements, 
The difference between (m- 0.35) and (n-0.5) is still sig- 
nificant, however, and we are faced with the problem of 
providing a model to account for this discrepancy. 


Schmidbauer® correctly concluded that the field pattern 
and the non-linear behavior of the magnetic-recording medi- 
um make a rigorous, quantitative analysis of the long-gap 
recording process hopelessly complex. He was content to 
suggest that the discrepancies between the predictions of the 
simple model and the observed recording characteristics are 
due to such factors as imperfect gap edges, distortion of 
the field pattern above the gap by the non-unity permea- 
bility of the tape, the complex shape of the field pattern, 
and the existence of both perpendicular and longitudinal 
components in the recording field. 


Schwantke’ attempted to describe the long-gap recording 
process qualitatively in terms of the Preisach representation 
of the magnetic characteristics of the recording medium. 
While the Preisach representation has contributed notably 
to our understanding of the physical basis of the recording 
process, this model as presently constituted is insufficient for 
explaining the behavior of a tape passing through two record- 
ing regions. This is especially true for ac-bias recording 
since, in this case, the model predicts that the field maxi- 
mum at the trailing edge of the gap must be completely re- 
sponsible for the remanent condition of the tape. The field 
at the leading edge of the gap can be effective only if it is 
stronger than the field at the trailing edge. This condition 
has not been found necessary for the observance of an undu- 
lating recording characteristic. 


The Preisach representation describes the magnetic charac- 
teristics of a recording tape in terms of a 3-dimensional dis- 
tribution function whose coordinates are the magnetic mo- 
ments and the positive and negative switching fields of the 
individual particles comprising the tape coating. Heretofore, 
analyses using this model have been based on the supposition 
that this distribution function was stable, i.e., that the func- 
tion, itself, did not depend on the magnetic state of the sam- 
ple. Woodward and Della Torre® discussed the possibility of 
such an instability but found no evidence for it in early 
measurements. More recent measurements of distribution 
functions for tapes, using more precise dc-magnetization 
techniques, have disclosed a degree of asymmetry in the 
3-dimensional plots which is related to the magnetic history 
of the sample. It now appears that instability of the distri- 
bution function must be involved in the explanation of the 
long-gap recording process when using the Preisach model. 


6 Otto Schmidbauer, “A Contribution to the Analysis of Magnetic 
Recording of Audio Signals with High Frequency Bias,” Funk u. Ton 
7, 341 (1954). 

7G. Schwantke, “The Magnetic-Tape-Recording Process in Terms 
of the Preisach Representation,” Frequenz 12, 384 (Dec., 1958); J. 
Audio Eng. Soc. 9, 37 (Jan., 1961). 


8 J. G. Woodward and E. Della Torre, “Particle Interaction in Mag- 
netic Recording Tapes,” J. Appl. Phys. 31, 56 (1960). 
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Nottebohm’® has also studied the long-gap recording prob- 
lem. He points out that the perpendicular component of 
the field in the two recording regions may be at least as 
large as the longitudinal component and hence may play 
a significant part in long-gap recording. By assuming that 
the effects of the fields in the two recording regions could 
be combined by a simple, linear superposition, and by as- 
signing equal magnitudes to the longitudinal and perpendic- 
ular components, Nottebohm calculated frequencies for the 
minima in the recording characteristic which were in agree- 
ment with his observed values. 

Since there is no general agreement among observers as 
to the magnitude of the effect of the perpendicular field com- 
ponent in recording, an experiment was devised to study 
this problem. This experiment and its results will be de- 
scribed in the next section. 


THE EFFECT OF THE PERPENDICULAR COMPONENT 


A simple experimental set-up was arranged to simulate 
long-gap recording while allowing independent control of the 
perpendicular and longitudinal field components. Two dis- 
tinct recording regions were provided by using two separate 


$1, CROSS - FIELD 
STRUCTURE 


TAPE TAPE 


MOTION = Fai 


PLAYBACK 
HEAD 


RECORDING 
HEADS 


Fic. 3. Set-up for simulating long-gap recording. 


recording heads in the tape path. The separation of the 
two recording gaps along the tape was approximately 0.4 
inch. A third head was used for immediate playback of 
tape during recording. With the recording gap separation 
used and with a tape speed of 120 ips, interference effects 
of the type discussed above were readily obtained in the 
audio-frequency range. 

The length of each of the two recording gaps was 40 mi- 
croinches. Since the effective head-to-tape spacing due to 
surface irregularities of the tape coating is roughly equal 
to this gap length, most of the tape coating passed through 
recording fields having essentially only longitudinal com- 
ponents. Perpendicular field components could be added 
at will by means-of a cross-field structure. This structure 
consisted of a laminated, U-shaped core having a coil wound 


°H. Nottebohm, “Properties of the Recording-Head Field of Tape 
Recorders,” Elektronische Rundschau 10, 335 (1956). 


Taste I. Results of simulated long-gap recording with only longi- 
tudinal field components. 


In-phase Out-of-phase 
fn fn 
n (cps) (U/v) fn (cps (l/v) fa 
2 440 1.50 575 1.96 
3 735 2.51 870 2.96 
a 1020 3.48 1160 3.96 
5 1320 4.51 1455 4.97 
6 1620 5.52 1745 5.97 


1=0410 in. v=120 ips perpendicular field components = 0 


on its central section and being mounted with its end faces 
opposite the two recording gaps. The set-up is shown 
schematically in Fig. 3. 

Recording characteristics using this set-up were measured 
for dc-bias recording conditions. Pronounced maxima and 
minima were observed, with the interference effects continu- 
ing out to very high orders. Typical results are presented 
here in tabular form. Data for the first few orders of minima 
are sufficient to illustrate the nature of the effects. Data are 
not included for first-order minima because the output 
voltage at the lowest-frequency minimum in each charac- 
teristic was so close to the noise level as to preclude a precise 
measurement of the frequency. 

Data obtained when the two recording fields had only 
longitudinal components are presented in Table I. Measured 
frequencies of the lower-order minima and the calculated 
values of (//v) + f, are shown. Two sets of data are given. 
One set is for the “in-phase” connection of the recording 
heads, i.e., the condition for which a direct current in the 
heads yields recording fields having the same polarity, as is 
the case in the two field maxima of a long recording gap. For 
the other set of data, the connections to one of the heads was 
reversed to give recording fields out of phase. Within ex- 
perimental error, the in-phase condition shows (//v) + f, = 
(mn - 0.5) in accordance with expectations based on the 
simple double-recording-region model. For the out-of-phase 
condition, (//v) +f, =m. The simple model also predicts 
this result, with minima occurring when the gap separation is 
equal to multiples of the recorded wavelength. 

Typical results showing the effect of the addition of a 
perpendicular component to the recording field are presented 
in Table II. The heads supplying the longitudinal compon- 
ents were connected in phase, and cross-field signal currents, 
I,erp, Of various magnitudes and in both polarities were 


(Continued on Page 296) 


Tas.e II. Results of simulated long-gap recording with both longi- 
tudinal and perpendicular field components. 


Iperp (ma) 40 -~40 80 -—80 
n (Il/v) * fn 
2 1.68 1.27 1.78 
3 2.64 2.30 2.83 
4 3.65 3.23 3.79 
5 4.68 4.28 4.72 
6 5.60 5.32 5.62 
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Automatic Tape Reversing Mechanism for Continuous Play of 


Four Track Stereo Tapes” 


A. L. Berc AND K. M. WILLIAMSON 
American Concertone, Inc., Culver City, California 


Problems and solutions in the development of an automatic tape reversing mechanism to permit 
bi-directional playback on an existing tape recorder having an asymmetrical capstan drive system 


are discussed in general terms. 


| | patent discussing problems and solutions in the devel- 
opment of an automatic tape reversing mechanism for a 
tape recorder having an asymmetrical capstan drive, perhaps 
it would be wise to consider for a moment why it was de- 
cided to design such a device. In the past several years, 
many attempts have been made to design equipment that 
would allow more convenient tape handling. These attempts 
have been aimed at providing essentially two things: (1) a 
longer tape playing time per unit length, and (2) a decrease 
in the amount of tape handling necessary. An example of 
this, of course, is the interest shown by such companies as 
RCA and CBS in cartridge-type tape handlers. A number 
of problems are yet to be solved before this approach can 
become a practical reality. Eventually the day will come 
when tape magazines will be handled as easily as conven- 
tional disc recordings are today, i.e., they will probably be 
handled in much the same fashion as records are, on an auto- 
matic changer. In the meantime, it appeared that some step 
should be taken along the road to more automatic tape han- 
dling. Apparently pre-recorded 1/4-track stereo tapes are 
here to stay for a while, and so in 1960 we decided to take 
that first step to provide a method of tape playing that 
would extend the unattended listening time while lessening 
the amount of tape handling required. The object was to 
accomplish this with currently available tapes. This was the 
reason for the creation of what we call Reverse-O-Matic. 
Before we examine what this machine really does, let us 
first examine the operation of a conventional tape recorder 
when playing back 1/4-track stereo tapes. First, it is neces- 
sary to thread the tape in the‘conventional fashion, start the 
tape transport in motion, and then listen to the first half of 
the program material. Upon completion of the first half, the 
reels must be removed and changed over from one turntable 


* Presented April 4, 1961 at the Spring Convention of the Audio 
Engineering Society, Los Angeles, California. 


to the other. The machine must then be rethreaded and re- 
started in order to play the second half or remainder of the 
program. A bi-directional machine does away with this 
double handling of the tapes. Once the tape is threaded in 
the normal fashion and the machine is started, it may be 
left unattended until the entire tape has been played from 
one end to the other and back again, without stopping. 

Since a combination recorder/reproducer was already in 
production, it was decided to attempt to convert that re- 
corder to bi-directional tape playback. Let us now examine 
the problems involved in the conversion of a conventional 
tape recorder to a bi-directional player. In order that we 
may appreciate some of the problems, let us look at the tape 
path in the conventional tape recorder (Fig. 1). First the 
tape leaves the supply reel, goes through a combination tape 
guide and compliance arm, sometimes over an inertia fly- 
wheel or flutter filter, across the magnetic heads, through 
the capstan and pinch roller assembly, possibly through an- 
other combination tape guide and cut-off switch, and finally 
to the take-up reel. We consider the capstan drive system 
just described to be asymmetrical. That is, the heads are 
placed on one side of the capstan. Since the capstan is ahead 
of the magnetic head assembly, the tape is pulled across the 
heads. One of the axioms in the design of tape recorders has 
been that you must pull tape across the record or playback 
heads rather than attempt to push ‘the tape. 


A three-motor tape transport, in which the direction of 
capstan rotation and the torque characteristics of the reel- 
ing motors may be changed electrically is the ideal starting 
point when attempting to convert an asymmetrical capstan 
drive system to bi-directional tape handling. When in the 
reverse mode it is necessary to change the torque character- 
istics of the normal supply motor, which in this instance is 
functioning as a take-up motor. It is interesting to note 
that the amount of torque that must be supplied by the 
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surrey Ree _— er mae direction. The use of a single four-track playback head 
F my would of course not permit absolute alignment of the play- 
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Fic. 1. Tape path of average high-quality home recorder. 


supply motor now acting as the take-up motor is greater 
than that required by the normal take-up motor. The reason 
for this is at first not obvious. Let us examine the tape path 
once again. When running in a forward direction, the take- 
up motor merely takes up the tape that is metered out by 
the capstan assembly. When running in the reverse direc- 
tion, however, the acting take-up motor must supply addi- 
tional torque to make up for the added friction in the tape 
path after the tape leaves the capstan assembly. It must be 
remembered that even in the reverse mode the tape con- 
tinues to be metered by the capstan assembly, thus ‘ssuring 
constant tape speed. Additionally, the acting take-up motor 
is now supplying the energy required to turn the flutter fil- 
ter. In the forward direction this energy was supplied by 
the capstan motor. When the tape transport is operating in 
the reverse direction, the flutter filter presents to the tape a 
mechanical illusion of a capstan drive system ahead of the 
magnetic head assembly. The amount of wow and flutter 
present when operating in the reverse mode is identical to 
that measured in the forward mode of operation. 

Since the usual tape recorder is designed to transport tape 
in one direction, little thought is given to what would hap- 
pen should the tape be run in a reverse direction. ‘“Mis- 
tracking” of the tape in the reverse direction was one of the 
problems encountered. Minute variations from the perpen- 
dicular of the tape heads, guides, etc., present in almost all 
audio recorders, add together to shift the tape to one side 
or the other. The problem is aggravated by the fact that we 
are trying to reproduce the narrow 1/4-tracks. Fortunately 
this tracking error is correctable and once corrected will not 
change unless a significant change in the tape path occurs. 
Such changes may be brought about by adjustment or re- 
placement of one or more components in the tape path. It 
must be remembered that this is also a problem in the nor- 
mal tape recorder when working with the 1/4-track tapes. 
A bi-directional tape player, therefore, uses 2 playback 
heads, one for each direction of tape travel. The check-out 
procedure used on this machine is as follows: The forward 
direction playback head is aligned in the normal fashion, 
after which the reverse play head is aligned with the tape 
transport actually moving tape in the reverse direction. The 
reverse direction playback head is aligned for maximum out- 
put through the usual azimuth alignment procedure, and in 
addition the head is brought into alignment in the lateral 


back tracks in both tape directions. Another reason that a 
four-track head is not desirable is the problem of magnetic 
flux cross talk between adjacent head stacks. Normally cross 
talk has no ill effect other than slightly degrading the stereo 
effect; however, in this case the cross talk is due to the mag- 
netic flux pickup from the tape being transmitted through 
the inactive tracks to the active tracks. The unwanted in- 
formation is material recorded in the reverse direction. 

Let us now consider the method employed to trigger the 
reversing mechanism. Two methods have been commonly 
used in the past to effect end-of-tape sensing. One of these 
methods uses conductive metal foil or metallic paint applied 
to the tape to complete an electrical circuit. In some of the 
more costly and complex systems this would ground the con- 
trol grid of a vacuum tube or base of a transistor which was 
a part of the tape reversing mechanism. A more economical 
method is one in which the metallic tape or paint completes 
a relay circuit by shorting across two insulated halves of a 
tape guide. This method, however, would require the pres- 
ence of hazardous voltages on the face of the transport or 
would require the addition of a low voltage power supply to 
the existing tape machine. Neither of these alternatives were 
considered for reasons of (1) safety and (2) economy. The 
second most commonly used method of end-of-tape sensing 
uses photoelectric devices. This method was also rejected for 
two basic reasons. First, we felt that this method would 
have caused too great a price increase in the finished re- 
corder. Second, the preparation of the tapes would have 
been more complex. Instead, we felt that the most logical 
approach was to use a mechanically actuated switch. We 
found that by making one end of the tape captive in some 
fashion to the reel (in this case we decided on a closed loop 


(Continued on Page 302) 


NORMAL 
TAPE PATH -—~+ 


LOW FORCE 
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Fic. 2. Tape path of bi-directional player. The dotted line illus- 
trates the tape path at the moment of expiration, providing switch 


actuation and subsequent reversal. 
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Amplitude Control of Loudspeaker Cone 


Motion in the Resonance Frequency Range 


WaLter C. TRAUTMAN 


Liberty Manufacturing Corporation, Youngstown, Ohio 


Cone loudspeakers exhibit a peak impedance, at their resonant frequency, resulting in poor power 
transfer and high distortion in this frequency range. The development and performance of a new 
speaker with integral, non-electrical means for minimizing this impedance peak, without dependency 
upon associated enclosures, is described. Electro-acoustic efficiency at all frequencies above the reso- 


nance range is not adversely affected. 


| 
lige modern day cone-type dynamic loudspeaker, when 
considered from the mechanical standpoint, is essentially 
a spring-suspended mass with one degree of freedom and a 
small degree of resistance to motion. 

Like all mechanical systems involving a mass and a 
spring, it is characterized by a frequency of natural reso- 
nance. This resonant frequency is defined as that frequency 
at which the driving frequency is opposed only by the resist- 
ance forces of the spring-suspended mass. 

At frequencies above the resonant frequency the mass 
tends to lag the driving frequency, creating a phase differ- 
ence between them so that energy can be effectively trans- 
ferred. While it is true that at the resonant frequency there 
is no phase difference, and therefore very little energy is 
transferred, it is also true that very little energy is required 
to oscillate the spring-suspended mass. 

Stated from a power standpoint, the input electrical power 
required to maintain constant acoustic power output drops 
rather drastically at the resonant frequency. Unfortunately 
a good amplifier tends to maintain constant power with fre- 
quency and the loudspeaker becomes over-driven at reso- 
nance with the consequence of excessive cone motion and 
acoustic output. 

This situation is lessened somewhat by the fact that the 
rather sudden loss of motional impedance at resonance brings 
about a proportionate increase in the electrical impedance of 
the moving voice coil. 


The fortuitous mismatch of the normally low amplifier 
output impedance and the now high electrical impedance of 
the voice coil reduces the electrical transfer efficiency. The 
mechanical efficiency, however, rises much more rapidly than 
the electrical efficiency decreases, so that the system is still 
over-driven. This can be graphically seen in Fig. 1 which de- 
picts the efficiency increase in the region of the resonant 
frequency. 


While this excessive acoustic output is most certainly un- 
desirable it is not the sole cause for concern. At resonance 
the motion of a mechanical oscillator is harmonic or sinu- 
soidal in character and will tend to remain so irrespective of 
the wave form of the driving signal. In the event the signal 
is of a musical or non-sinusoidal nature, there results a dis- 
crepancy which shows up as distortion. A further explana- 
tion of this is treated by Plach and Williams’. 

The use of the electrical feedback within the amplifier to 
lower the value of the effective shunt impedance across the 
voice coil has been used for many years. This would appear, 
in theory at least, to solve the problem. However, Levine* 
has shown that even with horn-loaded loudspeakers critical 
damping cannot be obtained by electronic means alone unless 


1D. J. Plach and P. B. Williams, “Loudspeaker Enclosures,” Audio 
Eng. 12 (July, 1951). 

=I. Levine, “Generator Impedance of Power Amplifiers used with 
Horn-Loaded Loudspeakers,” J. Acoust. Soc. Am. 23, 623 (1951). 
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AMPLITUDE CONTROL OF LOUDSPEAKER CONE MOTION IN THE RESONANCE FREQUENCY RANGE 
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Fic. 1. Efficiency of a piston speaker in a finite baffle. 


Reprinted with permission from L. E. Kinsler and A. R. Frey, Fundamentals 
of Acoustics (John Wiley & Sons, Inc., New York, 1950). 


the speaker efficiency reaches 50% and the source impedance 
is truly zero. 

While these conditions are not impossible they are virtu- 
ally unattainable in practice. Even if the economic consider- 
ations involved were disregarded it would still leave the loud- 
speaker as an incomplete mechanism, i.e., dependent upon a 
specific amplifier for its proper function. 

Several generic types of enclosures have come into usage 
over the years each of which in some degree aids the control 
of excessive cone motion and acoustic output at the loud- 
speaker resonance frequency. 

Each of these enclosures unfortunately contributes one or 
more undesirable characteristics of its own while, in most 
cases, affording only a partial solution to the resonance prob- 
lem of the speaker itself. Briefly, these characteristics are: 
1. The addition of a second resonance frequency with exces- 
sive acoustic output in the mid-bass range; 2. Decreasing the 
electro-acoustic efficiency of the loudspeaker mechanism; 
3. The addition of several peaks and dips in the loudspeaker 


DECIBELS 


Fic. 2. Sound-pressure-level response of a direct-radiator loud- 
speaker at low frequencies. An infinite baffle or a closed-box enclosure 
is assumed. 

Reprinted by permission from L. Beranek, Acoustics (McGraw-Hill Book 
Company, Inc., New York, 1954). 
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frequency response characteristic. In addition it becomes 
necessary to invest in a box of considerable cubic volume, 
with the attendant problem of stowing this box in an un- 
obtrusive manner. 

Briggs*® has pointed out that the use of an infinite baffle 
for loudspeaker mounting “appears to offer the nearest ap- 
proach to perfection” for the loudspeaker mounting. There 
is a good reason for this in that the radiation impedance of 
both sides of the cone is uniform and not fraught with air 
columns or enclosure resonances. Further, there is no colora- 
tion of the loudspeaker characteristic nor any decrease in its 
efficiency. The very uniformity of this radiation impedance 
with frequency, however, does not provide the frequency- 
selective, greater-than-normal acoustic reactance or resist- 
ance required to suppress the excess cone motion at the reso- 
nant frequency. 


Fic. 3. Conventional dynamic loudspeaker fitted with the resistance- 
controlled, spring-mass damper mechanism described. 


Thus an infinite baffle, while providing good radiation im- 
pedance to which acoustic power can be efficiently trans- 
ferred without aberrations, fails to supply the missing con- 
trol element which is lacking within the loudspeaker mecha- 
nism itself. In another light we can say that a cone-type 
dynamic loudspeaker mechanism is an incomplete mecha- 
nism which lacks the ability to suppress excess cone action 
and acoustic output at its resonant frequency. 

It is the premise of this author that a loudspeaker mecha- 
nism should not be dependent upon either its driving am- 


3G. A. Briggs, Loudspeakers (Wharfedale Wireless Works, York- 
shire, England, 1949), third edition, p. 43. 
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Fic. 4. Relative excursion vs frequency (in the resonance region) 
for a conventional loudspeaker only (solid line) and with an un- 
restricted damper (dashed line) resonant at the cone resonance fre- 
quency. 


plifier or the use of a specific enclosure to control the am- 
plitude aberrations of its cone. 

The basis for this premise can be seen in Fig. 2 which 
shows the effect of various values of mechanical Q (for the 
vibrating cone system) at and near its resonant frequency. 
Beranek‘ states: “for flat response down to the lowest pos- 
sible frequency the value of Q should approximately equal 
unity.” This is clearly seen in Fig. 2 which demonstrates 
the amplitude characteristic that can be achieved if the 
vibrating system of a loudspeaker is operated at the opti- 
mum value of Q. 

From the converging shape of the lines on this graph at 
frequencies above and below the resonance frequency it is 
evident that the addition of pure resistance (to achieve a 
low Q value) must be frequency selective, i.e., achieve 
highest resistance value at or near the resonance frequency. 
Further, it is imperative that the added resistance gradually 
drop out of action as the frequency is increased. If the re- 
sistance remained in action at its full value to mid-fre- 
quencies a loss in efficiency would be sustained. 


A loudspeaker mechanism to achieve such an operating 
characteristic is shown in Fig. 3. The structure shown is a 
conventional cone-type loudspeaker except for the addition 
of the flexible porous diaphragm D, a fixed weight W and 
the creation of the cavity C. The spring-rate of the dia- 
phragm in conjunction with the value of the weight are so 
chosen as to be self-resonant at or near the cone resonance 
frequency. The value of the weight W is small compared 


4L. Beranek, Acoustics (McGraw-Hill Book Co., New York, 1954), 
p. 225. 


to the cone weight and may. be in the order of 5% to 20% 
of the cone weight. 

At frequencies above and below the cone-resonance fre- 
quency the weight W remains immobile since it is elastically 
coupled to the driving cone by way of the flexible diaphragm. 
When the signal frequency is reduced to the resonance fre- 
quency of the diaphragm and weight combination, the weight 
is very easily driven and oscillates out of phase with the 
cone motion, producing an anti-resonance characteristic as 
shown by the dashed line of Fig. 4. 

While the anti-resonance characteristic does have the 
ability to sharply reduce the cone amplitude at its resonance 
frequency, it leaves an impedance peak at frequencies f; 
and f;. The peak at f; is not too important since this is be- 
low the cone resonance frequency f2 and the acoustic output 
is dropping at the rate of 12 or 18 db per octave (depending 
upon the baffling used). An increase in the value of weight 
W (with an attendant increase in the spring-rate of the dia- 
phragm) will widen the frequency spectrum between /, and 
fs and thereby reduce the value of the impedance at f;. It 
will, however, further reduce the amplitude and impedance 
at fe to undesirably low values. 

Increasing the resonant frequency of the damper (dia- 
phragm and weight) to a frequency slightly higher than the 
cone-resonance frequency yields a characteristic as depicted 
by the dashed line of Fig. 5. Here the cone amplitude at f, 
is less and at f; is greater than before. 

The difference between the damper and cone resonance 
frequencies is made such that the slope of the line passing 
through the intersection of the solid line (cone amplitude) 
of Fig. 5 with f, and fs; corresponds to a rate of 6 db per 
octave. Such a slope will maintain uniform acoustic output 
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Fic. 5. Relative excursion vs frequency (in the resonance region) 
for a conventional loudspeaker only (solid line) and with (a) un- 
restricted damper resonant at a frequency slightly higher than the 


cone-resonance frequency (dashed line), (b) ditto except near opti- 
mum resistance added to the damper (dot-dash line). 
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Fic. 6. Acoustic response, in the low-bass region, of a 15-inch con- 
ventional loudspeaker (infinite-baffle mounting) showing a 3 db peak 
at resonance. 


vs frequency. This idealized concept is, of course, marred 
by the severe dip in output that would occur at fe due to the 
excessive attenuation afforded by the unrestricted motion of 
the damper. 


Advantage can now be taken of the air being pumped into 
and out of cavity C (due to the out-of-phase relative motion 
between the cone itself and the weight W) through the por- 
ous diaphragm. By the judicious choice of porosity of this 
diaphragm virtually any degree of pure resistance can be 
added to the motion of the weight. The addition of such 
resistance can be made to vary the amplitude vs frequency 
characteristic of such a loudspeaker from the solid-dashed- 
solid line of Fig. 5 to the dot-dash line of this same graph. 
The lessening of attenuation at frequency fe and the increase 
in the attenuation at frequencies f; and f; is evident. This 
is the characteristic result of a high Q (cone) and low Q 
(damper) mechanism working in opposition to one another. 

To illustrate the function as actually applied to a loud- 
speaker, Fig. 6 shows the acoustic response of a 15-inch loud- 
speaker (on infinite baffle) when driven with a non-feedback 
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Is 22 7 32 36 46 65 100 150 200 
FREQUENCY— CAS. 
Fic. 7. Acoustic response of the Figure 6 loudspeaker fitted with 
(A) damper with greater than optimum resistance, (B) damper with 
near optimum resistance. 


amplifier. A 3 db peak in the 20 to 24 cps region is evident. 

Line A of Fig. 7 shows the acoustic output of this same 
loudspeaker when fitted with a damper with greater-than- 
optimum resistance. Some attenuation is present but not 
the optimum. Line B of this same graph shows the acoustic 
output when near optimum resistance is present in the 
damper. In this condition a 3 db decrease in output is pres- 
ent at about 23 cps while the output at 17.5 cps is increased 
by some 1.3 db. The aberration at about 30 cps is due to a 
known fault in the measuring equipment. 

A comparison of the quantitative response level, in the 
100 to 200 cycle region, between Figs. 6 and 7 shows no 
discernible loss in output at mid-frequencies when the dam- 
per is present. All the data of Figs. 6 and 7 were recorded 
with the same power input and microphone distance and 
calibration. 

This uniformity of acoustic output in the region of the 
resonance frequency without the use of amplifier feedback 
or specially designed enclosures is not attainable with the 
usual loudspeaker structure. The control of the usual peak 
of fundamental resonance is accomplished wholly within the 
loudspeaker mechanism without any dependence upon asso- 
ciated equipment or auxiliary devices. 

The loudspeaker mechanism described above is currently 
the subject of a U. S. patent application. 
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A New Tool for the Exploration of Unknown 


Electronic Music Instrument Performances* 


Haratp Bove 
The Wurlitzer Company, North Tonawanda, New York 


A modular tone and envelope shaping and modifying device as well as an apparatus creating an 
alternating sound pattern are described. Their performance in some selected examples is discussed. 


| praesent two trends can be observed in the design of 
electronic musical instruments: 

1. The aiming towards simulation of conventional musical 
instruments and 

2. The attempt to create new performance features. 

In many known cases of electronic music instrument de- 
sign compromises between these two solutions have been 
achieved; some of the obtained performance features repre- 
sent a good or fair simulation of the typical parameters of 
conventional instrument sounds, whereas others are new— 
sometimes by chance, and mostly due to the implementation 
which has proven practical or economical in the overall de- 
sign of the particular instrument. 

The scientific methods which can be applied to obtain 
quantitative information necessary to simulate familiar 
sounds and conventional musical instruments have been 
known for quite some time. They include the application 
of harmonic analyzers, envelope recorders (also multichannel 
envelope recorders), the “Panoramic Analyzer,” multichan- 
nel spectrometers and others. 

The information which can be obtained with these tools, 
however, is limited because of the complexity of most of the 
conventional sounds. Therefore, the ear has to be final 
judge to assess the typical parameters, which are of prime 
importance for a satisfactory simulation. Because of this 
very fact, it will in many cases be practical to find the most 
acceptable results by the method of A to B comparisons with 
simulators. 

In contrast to the possible analytical and empirical ap- 


* Presented October 11, 1960 at the Twelfth Annual Convention of 
the Audio Engineering Society, New York. 


proaches for the simulation of conventional sounds, the 
achievement of novel performances will be made possible by 
empirical approaches only. 

Evidently, the variety of new sounds is unlimited in con- 
trast to the variety of known sounds; and in the absence 
of any standards (except for the achievements of others), 
the individual will have to limit himself only by deciding 
“how new is sufficiently new,” what is aesthetically feasible 
and what is practical for a given application. 

Conceivably, also, the variety of possible implementations 
for creating new sounds and performances will be practically 
unlimited, and for economical reasons one should therefore 
select tools that will be capable of performing a maximum 
of functions with a minimum of hardware. 

Such a tool is a complex tone and envelope shaping and 
modifying device, which may be combined as an integral 
unit with an alternating sound pattern creating apparatus, 
both of which will be briefly described in the following out- 
line. These devices comprise an arbitrary selection of mod- 
ules, some of which are well known in audio and communi- 
cation techniques, but many combinations of which represent 
unusual systems with interesting functions. These systems 
may be applied to modify one or several audio phenomena 
in order to obtain new performances, which, for instance, 
may be utilized for electronic musical instruments. 

A relatively simple version of this type of modular assem- 
bly which has been built and used for the experiments (a few 
of which will be discussed), comprises the following units: 
1. A dual channel filter, each channel comprising a low pass, 
a high pass, a tunable formant filter and a mixer capable of 
blending the low pass or high pass with the formant filter 
performance; 2. A ring bridge modulator; 3. An audio con- 
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Fic. 1. Ring bridge modulator. a. Schematic diagram. b. and c. 
Tone spectra. 


trolled or triggered gate and percussion unit; 4. A fundamen- 
tal frequency selector; 5. A squaring circuit; 6. A) binary 
divider; 7. A pre-amplifier; 8. A mixer; 9. A distributor; 
and 10. A tape loop repetition unit with several reproducing 
heads correlated to selective outputs and capable of creating 
rhythmic effects with alternating timbre patterns. 

By way of example, Fig. 1a shows a schematic diagram of 
a ring bridge modulator; Fig. 1b shows the tone spectra of 
a single frequency applied to input No. 1 and a fundamental 
with two overtones applied to input No. 2. The resultant 
tone spectrum is shown in Fig. Ic. It will be noted that the 
frequencies obtained at the output of the ring bridge modu- 
lator are not harmonically related to each other any more, 
since, due to the function of this type of modulator, the 
input frequencies are cancelled and the output frequencies 
represent the sums and the differences of the input frequen- 
cies. Tone spectra of this kind are typical, for instance, for 
the sound of bells. 

Generally, the application of the ring bridge modulator is 
not limited to audio frequencies only. One of the frequen- 
cies may, for instance, be subsonic, and may be used for 
achieving special periodic modulation effects. Another pos- 
sibility is to feed white noise or filtered white noise with an 
emphasis on a selective frequency into one input, which 
yields tuned complex white noises at the output. Again, 
another application would be to feed percussive sound en- 
velopes (or pulses) into one input in order to study percus- 
sive sounds at the output. 

Within the scope of the discussed modular assembly, the 
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Fic. 2. Block schematic of an envelope-shaping module. 


ring bridge modulator represents one of the arbitrarily se- 
lected building blocks, which, in combination with one or 
more of the other modules, may yield more surprising results. 

As another example, Fig. 2 shows a block schematic of an 
envelope-shaping module, which may be triggered or con- 
trolled by an acoustical presentation. Accordingly, this mod- 
ule has two inputs, one for the control or trigger signal and 
one for the information (audio program material). The 
control or trigger signal is being amplified in order to obtain 
sufficient control voltages (after rectification) to actuate the 
gate which is a variable-gain push-pull amplifier. With the 
switch in the position (No. 2) shown in Fig. 2, a function is 
selected by which the envelope of the control signal shapes 
the envelope of the audio program material in the desired 
way; for instance, in case the amplitude of the audio pro- 
gram material is constant at the input, it appears with the 
envelope of the control signal at the output. 
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Fic. 3. Bongo drum and electronic organ as inputs of an envelope- 
shaping module: block schematic. 


The module shown in Fig. 2 also provides a differentiator 
(subsequent to the rectifier) by the use of which (with the 
switch in position No. 3) the growth of the control signal 
would actuate the gate. Furthermore, there is a trigger cir- 
cuit following the differentiator and finally an integrator 
which receives pulses from the trigger circuit, which, in turn, 
is actuated through the differentiator by any growth of the 
control (or trigger) signal. By means of the integrator and 
its associated circuitry, the control voltages for percussion 
effects with various growth and decay times may be obtained. 
These control voltages, when applied to the gate, will convert 
any sustaining program material into percussive effects syn- 
chronized with the control input signals. 

Figure 3 demonstrates the practical application of an en- 
velope-shaping module of the described kind with the audio 
signals of a bongo drum and an electronic organ applied to 
its inputs and with its outputs connected to a tape recorder 
and an amplifier and speaker. In deviating from the pre- 
sentation of Fig. 3, the gate may also receive its control 
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Fic. 4. A bongo drum sound (curve A) in time correlation to the 
gated sound produced in device of Fig. 3 (curve B; fundamental; Bo, 
second harmonic; Bs, third harmonic). 


signals from the output of the rectifier, rather than from the 
integrator. In this case, the sound envelope of the bongo 
drum shapes the sound envelope of the organ tones, which, 
thus, will perform just as shortly as the drum and will be 
absolutely synchronized with the drum sound. In order to 
make the drums sound simultaneously, their signal is fed 
into one of the mixer inputs and the new percussive organ 
sound into the other. 

Figure 4 gives a graphical presentation of sounds pro- 
cessed in the way demonstrated in Fig. 3. In Fig. 4 the short 
growing and decaying curve A is an arbitrary presentation 
of a bongo drum sound and the curves B,, Bs, and Bs repre- 
sent the fundamental and the second and third harmonics of 
an organ sound, the envelope of which has been shaped by 
an integrator triggered by sound A. 

Again, more features may be added to this entire presen- 
tation or parts of it, and again, for this purpose, further 
modules with other features would be required; such are 
available, for instance, in the modular assembly (Fig. 5). 

This assembly has been built on two 7 in. 19 in. rack 
panels, one comprising a tape loop repetition unit and the 
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Fic. 5. Block schematic of a tone and envelope-shaping assembly 
with an alternate pattern creating device. 


other the electronic modules. All of the modules or sub- 
assemblies have input and output jacks, and they can be 
interconnected with each other by patch cords in any desired 
order. By doing this it is possible to make up new systems 
with new performances. 

In the setup represented in Fig. 5 a microphone is con- 
nected to the control or trigger input of the audio-controlled 
gate and percussion module, which receives its program ma- 
terial (information input) from a melody instrument (for 
instance, the Solovox or Clavioline). Thus, when the sound 
of a percussive instrument is picked up by the microphone, 
percussive audio signals are derived from the output of the 
gate and percussion module. These are then fed to the rec- 
ord amplifier and to preamplifier No. 1 of a tape loop repeti- 
tion unit with three playback heads. The recorded informa- 
tion will first be picked up by playback head No. 1, after 
that by No. 2 and finally by No. 3. It will be noticed that 
the preamplifiers 1 through 4 are correlated to two output 
amplifiers A and B and that, under these circumstances, pre- 
amplifiers 1 and 3 feed output A and preamplifiers 2 and 4 
feed output B. 

If now the tape speed and the head spacing are such that 
the created time interval between recording and playback, 
as well as between individual playbacks, is in the order of 
160 ms (corresponding to the rhythm of an optimum vibrato 
frequency), the message is repeated at that frequency in an 
A-B-A-B pattern. In order now to obtain a really distinct 
ABAB pattern, output A is connected to the input of filter 
No. 1 and output B is connected to input No. 2 of a ring 
bridge modulator in which this signal is modulated by a 
frequency from an audio signal generator connected to input 
No. 1. The output of the bridge modulator is, in this ex- 
ample, connected to the input of filter No. 2 and both the 
outputs of filters No. 1 and 2 are connected with two mixer 
inputs, at the output of which the final result is obtained. 

Obviously, the tape loop can be applied in many other 
ways than shown, for instance, as a delay device which per- 
mits a successive presentation of simultaneous phenomena, 
just to mention one example. 

Many modular combinations other than that shown in 
Fig. 5 may be chosen, also incorporating sub-assemblies 
which have not been described. It will be understood that 
the study of new electronic music instrument performances 
should not be limited to organs, but should definitely include 
melody instruments. Therefore, the application of a funda- 
mental frequency selector will be valuable, as it may be used 
in many applications such as in conjunction with a distorter 
and frequency dividers, or in order to obtain frequency- 
sensitive control voltages which may be used to initiate other 
and new functions. 

Although the description of this modular tone and en- 
velope shaping and modifying device and the alternating 
sound pattern creating apparatus had to be limited to the 
discussed examples, it will be evident to the reader that these 
devices would represent a suitable and economic tool for the 
exploration of unknown electronic music instrument per- 
formances. 


(Mr. Bode’s biographical sketch is given on page 304.) 
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European Electronic Music Instrument Design’ 


Haratp Bope 
The Wurlitzer Company, North Tonawanda, New York 


This paper is a survey of European electronic musical instruments. Some of the more interesting 
or well-known examples are described in greater detail. 


2 pes basic European thinking with regard to electronic 
music instrument concept and design, as compared to 
the most successful way of creating instruments of this kind 
in the U. S., is dictated by the different tastes of the people, 
the different size and type of market, the different buying 
power and the different ratio of labor vs component costs. 

Due to the effects of World War II on the European econ- 
omy, the continuous industrial manufacturing of electronic 
music instruments started only as late as around 1948. Prior 
to this time, only pilot runs of a few instruments such as the 
Telefunken Trautonium and the Siemens Nernst Bechstein 
Grand were manufactured. 


But, as in this country, starting as early as after World 
War I a remarkable variety of electronic music instruments 
had been conceived, a few of which were built and shown in 
public merely as novelties; some of them, however, deserve 
to be mentioned because of unique design or performance 
details. 


Among these, the Theremin might be the best known one, 
because it has been shown in many countries. Its deficiencies 
of tuning instability, due to the heterodyning of radio fre- 
quencies, have been very cleverly disguised by the psycho- 
logical effect of the “magic touch” type of playing upon the 
viewer. 


many public performances. The Onde Martenot still pro- 
vides a gliding scale, rather than playing members with fixed 
intervals; this also is the case with the German Trautonium, 
the German-Austrian Hellertion and an earlier version of the 
Sphaerophon by the German Jorg Mager. 

The tone generating system of the Hellertion of Helberger 
and Lertes comprised a vacuum tube blocking oscillator cir- 
cuit, the frequency of which was changed by a variable grid 
bias voltage derived from a ribbon-type potentiometer rep- 
resenting a gliding scale keyboard. By depressing the ribbon 
at selected points to make it touch a common electrode, the 
player was able to tune the generator to the desired note. 

The Hellertion has been built with a total of four tone 
generators and correlated manuals, in order to facilitate the 
playing of harmonies. Naturally, the playing technique, re- 
quiring simultaneous proper tuning of four independent 
pitches was extremely difficult. 

The Trautonium, based upon the ideas of the German 
Trautwein, has essentially been built in two versions, one of 
them as a very simple single manual instrument with a few 
formant filters by Telefunken, and the other as a very elabo- 
rate dual manual model by the performer O. Sala. The Sala 
Trautonium comprises two sets of complex tone shaping cir- 
cuits as well as frequency dividers also capable of creating 


sub-harmonics other than in octave relationship to the gen- 


atagetad the Theremin stimulated the design of many erated note; furthermore, it comprises means to continuously 
8 melody instruments which did not rely upon the “magic change the timbre by foot controls from one filter to another, 
€ touch” but which incorporated more tangible playing means, nq a very good pressure-sensitive loudness control at the 
se like the French Onde Martenot, which also has been used in jpanuals. Only single specimens of the Sala Trautonium 
ni | have been built. 


Prior to the time when the Trautonium became famous, 4 
the German Mager conceived and obtained a large number ; 


* Presented October 11, 1960 at the Twelfth Annual Convention of : 3 s . 
of patents on a variety of instruments, including models 
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Fic. 1. Tuning circuit for melody-type audio generator of the 
Mager organ. 


with a gliding scale and others with keyboards. The best 
known Mager instrument, which has been built as a sample, 
is a three-manual and pedal keyboard organ, with each of 
the keyboards representing a melody instrument, so that a 
maximum of four voices could be played. Fig. 1 shows a 
typical tuning circuit for the type of audio frequency gen- 
erator employed in this Mager instrument. For achieving 
various tone colors, Mager did not use audio filters but a 
variety of loudspeakers with different shapes of diaphragms, 
horns, and other resonators. 

Whereas most inventors were reluctant to propose and 
build instruments with a large number of tubes, and there- 
fore limited themselves to melody instruments, the French 
Givelet and Coupleaux built a large organ with hundreds of 
keyed tube oscillators, the basic design concept of which 
could be considered to be in the category of the Conn and 
Allen organs. But for the European market more economic 
approaches had to be found. 

Two interesting approaches to the design of multitone in- 
struments which are not in the organ category are shown by 
the Siemens Nernst Bechstein Grand, also known as the Neo 
Bechstein, and the Electrochord by Vierling. The Neo Bech- 
stein was a miniature Grand (also with a built-in radio re- 
ceiver) with relatively short strings, one for every note, end- 
ing at electromagnetic pickups, with a pneumatic action and 
“micro hammers,” and without a sounding board, so that 
the energy dissipation from the strings was extremely low, 
which made a very long and organ-like tone sustain possible. 
Except for the long sustaining tone, the color of which could 
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Fic. 2. The Vierling Electrochord, an electronic piano with a ca- 
pacitive pickup system; a, c, and e, modes of oscillation of the strings; 
b, d, and f, harmonic analysis with the corresponding pickups. 


not be changed, this instrument offered nothing new in con- 
trast to the Electrochord by Vierling (which, incidentally, 
resembles a Miessner electronic string piano). The Electro- 
chord comprises capacitive pickups at various locations rela- 
tive to the strings. This is shown in Fig. 2. Depending upon 
the location of the pickup, some harmonic frequencies of the 
string will be detected and others not, as demonstrated by 
the graphs (Figs. 1b, d and f) adjacent to the simplified 
pictures of the strings with the pickups (Figs. la, c and d). 
By combining and proper phasing of various pickups, in- 
cluding others than presented in Fig. 1, a surprising variety 
of tone colors may be obtained. , 
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Fic. 3. The oscillators, keying switches and tuning means of the 
Warbo Formant Organ. 


Other approaches for creating multitone instruments in- 
clude the Welte photoelectric organ and many French pat- 
ents on photoelectric instruments. 

A different and unique approach for a multitone instru- 
ment with a minimum of tone generators has been tried by 
the author in the Warbo Formant Organ (Fig. 3). In this 
experimentally built instrument, four relaxation-type oscil- 
lators were correlated to a 44-note keyboard by a switching 
system which coordinates the first oscillator O, to the highest 
note, the second oscillator Oz, to the note next to the highest, 
and so forth. The oscillator outputs were connected to gates 
(G, through G,), which were opened for the played notes 
only by an additional switching system. This instrument 
also comprised envelope control means for percussive tones 
and two sets of filters, one of which could be correlated at 
will to one group of voices (for instance, Ist and 3rd) and 
the other to the remaining ones (for instance, 2nd and 4th). 

Although this instrument was capable of producing inter- 
esting effects, the stability with the employed tone generat- 
ing system was not sufficient, and the switching device was 
too expensive. 

At this time, which was in the late thirties, further com- 
ponent developments for reliable multitone instruments were 
required, and therefore the emphasis was still on melody 
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Fic. 4. Simplified schematic diagram of the German version of the 
Martin Clavioline. 


instruments, one of which, the author’s Melochord, (a key- 
board instrument with a very complex tone and envelope 
shaping system) has been heard in many public perfor- 
mances and is still being used in the NWDR for creating 
new sound effects. Another, the Clavioline, which was de- 
veloped after World War II by the French Constant Mar- 
tin, is capable of imitating many orchestra instruments by 
its tone shaping circuits and univibrator tone generating 
system. It was and still is produced and sold in many coun- 
tries, including the United States. A simplified schematic 
diagram of the German Clavioline is shown in Fig. 4. 

One of the successful European concepts of multitone 
electronic instruments has been implemented by the Comp- 
ton organ in England, which is an organ with rotating tone 
generators and capacitive pickups. 

In Germany, the author created the first models of the 
AWB organ, which, in contrast to the Compton instrument, 
was an entirely electronic concept utilizing the principle of 
tone synthesis, first demonstrated by Cahill and then in- 
corporated in the Hammond organ. In order to apply the 
principle used by Hammond to derive the various harmonics 
from the tempered scale, the tone generating system had to 
be sufficiently stable, the tones produced had to have a rela- 
tively low harmonic content and, for the switching concept 


2 


fe 


Fic. 5. Master oscillator and two divider stages of the synthesis 
organ with synchronized Hartley-type oscillators by Bode. 


employed, the output impedance had to be low. In order 
to meet these requirements, a tone generator with synchron- 
ized Hartley-type oscillators was developed (Fig. 5). 

The AWB organ represented the technical foundation for 
a line of instruments which is still being manufactured in 
Germany and sold to other countries in Europe. Some of 
the Ahlborn, Riegg and Lipp instruments employ the prin- 
ciples which are derived from the AWB instruments. 

A portable electronic organ, the Tuttivox, created by the 
author in 1953, employs Hartley-type master oscillators 
with frequency dividers of the phase shift oscillator type, 
one version of which is shown in the schematic diagram of 
Fig. 6. Another version operates without the buffer stage 
between the master and the first divider. The outputs of 
the signal sources are connected with a switching system 
with normally closed switches (to save space) and through 
bus bars to the tone filters and other means of expression. 


Basically, the Tuttivox offers nothing exciting and it was 
designed mainly to meet a special demand of the European 
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Fic. 6. Master oscillator, buffer and two frequency divider stages 
plus keying circuitry of the Tuttivox, a German suitcase organ. 


market; its main consumers, for a long time, were small 
dance bands who had to carry their instruments in small 
cars. 

A version of the Tuttivox with a built-in Clavioline is 
being manufactured and sold under the name Combichord. 
Also, a large organ utilizing the Tuttivox concept and with 
the footages and tones of a cathedral organ, the Basilika, 
is being built by the German Joergensen Company. 

A complete line of purely electronic, reed electronic and 
amplified reed instruments is manufactured by the German 
Hohner Corporation. These include the Electronium, a 
melody instrument, created by Seybold, the Hohnerola, a 
single manual reed electronic organ, the Cembalet, a harpsi- 
chord-like instrument with percussive tones, and the Hohner- 
Vox and Bassophon, representing supplements for the 
Hohner accordeons. 

Along with the tremendous recovery of the European 
economy in recent years, the electronic music instrument 
market has gone through considerable changes, and whereas 

(Continued on Page 304) 
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Electronic Production of Percussive Sounds* 


Hers HEARNE? 


The Wurlitzer Company, Corinth, Mississippi 


| gee percussive instruments may be considered as 
damped wave oscillators which, upon being struck, will 
emit one train of oscillation. The nature of the sound emitted 
by a given network may vary widely, depending on where, 
how and with what it is struck. For each network, there are 
certain sound characteristics which are retained even though 
the striking method may be changed by the performer. It is 
the unchanging sound characteristics which our ears use to 
convey the information that we are hearing some specific 
instrument. 

In an attempt to establish a basis of observation, I call 
the unchanging sound components “key characteristics.” 
Just as a cartoonist can take a few key lines and sketch a 
caricature, key sound components may be employed to 
“sketch” a percussive sound “caricature.” In order to make 
a “sound sketch,” we must first establish which sound com- 
ponents are necessary and which are not. Actual listening, 
physical analysis and electrical measurements are methods 
of observation which will help to accomplish this task. 
Since percussive sounds are produced purely for their psy- 
chological impact in musical presentation, it follows that 
actual listening tests must verify that the job has been ac- 
complished. Inasmuch as we are producing sounds, not re- 
producing them, there is somewhat more freedom than usual 
in the design of the audio system. Amplifier response as 
well as speaker and cabinet resonance are areas where special 
tasks might be accomplished. 

Of all the percussive instruments, the bass drum is prob- 
ably used most often. In addition, the bass drum requires a 
large amount of low frequency energy as compared to other 
percussive instruments. This instrument, more than any 
other, predetermines the power requirements and low-fre- 
quency transducer requirements of our audio producing sys- 
tem. If we connect a microphone into a suitable oscilloscope 
and observe the sound envelope from a bass drum, several 
sound characteristics may be analyzed. First will come the 


* Presented October 11, 1960 at the Twelfth Annual Convention of 
the Audio Engineering Society, New York. 
t Senior research engineer. 


very sharp attack, followed by a damped, sixty-to-one hun- 
dred cycle wave train which will take from one hundred to 
one thousand or so milliseconds to fall to a five per cent 
level. The shorter sound envelopes are typical of the trap- 
type bass drums which are sometimes muted with a pad of 
sheepskin pressed against the drumhead. One component 
of the bass drum sound envelope which is not too obvious 
on the oscilloscope is easily detected, when attention is called 
to it, by the ear of a listener. This last mentioned component 
is a slight detuning of the pitch during the early portion of 
the sound. It can be stated that the sound appears to start 
about a semitone or so sharp of the average pitch. This 
pitch detuning effect is probably due to the extra tension on 
the drumhead during the time the beater is in actual contact 
with the head. A second phenomenon which could contrib- 
ute to this effect is the fact that the human ear detects a 
level change as a pitch change. Another effect which is pres- 
ent in the acoustical instrument is an extremely low fre- 
quency component which is well below the fundamental 
pitch. Consider a sound envelope of a seventy-cps tone 
which falls 20 db in level during the first 150 milliseconds. 
It could be stated that the 150 milliseconds of decay time is 
equal to one-half cycle of a 314 cycle component. The ear 
would thus detect this as one-half cycle of a 314 cycle am- 
plitude modulated seventy-cps tone. 

A second possibility is to assume that the attack compo- 
nent creates a sound spike which is not symmetrical around 
the atmospheric pressure. A very short asymmetrical sound 
spike may be integrated to any lower frequency by a multi- 
path phenomenon. For instance, consider an asymmetrical 
sound spike one millisecond long. ‘Assume a sound speed of 
eleven hundred feet per second. Consider one path eleven 
hundred feet long and a second path eleven hundred one and 
one-tenth feet long. The one millisecond spike would take 
one millisecond longer to travel the longer path and, for this 
reason, the leading edge of the spike over the second path 
would arrive with the trailing edge of the same spike over 
the shorter path. The net result of the one millisecond spike 
traveling between two points over two paths would be an 
apparent two millisecond spike. 
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To summarize, the key effects of a bass drum appear to 
be: 
a. An attack characteristic on the order of one to five 
milliseconds. 
b. The effect of slight detuning during the early period of 
the sound. 


c. A fundamental pitch on the order of 50 to 100 cps. 


d. A sound envelope decay characteristic which is ap- 
proximately exponential. 

The approach to tom-tom voices is quite similar to the 
bass drum. Their fundamental pitch starts an octave or so 
above the bass drum range and may go up to 350 or so cps. 
The pitch is more clearly defined than other drum types and 
the attack is on the order of roughly 500 microseconds. A 
slight sensation of detuning is sometimes present. Tom- 
toms are frequently used to actually play simple rhythm 
tunes and it is therefore desirable when two are used to 
maintain an approximate musical relation. A musical fifth 
apart, for example, appears to be a suitable pitch separation. 

Block sounds cover the range between the claves at about 
2000 cps down to the larger temple blocks at about 200 or 
so cps. The key characteristics of these voices are quite 
similar and differ mainly in pitch and envelope duration. 
Envelope duration for these voices is on the order of 20 to 
60 milliseconds. It should be stated that the temple block 
has an additional key characteristic in the form of an un- 
related partial; for a more realistic production, this unre- 
lated partial should be included. The basic musical function 
normally performed by a temple block can be adequately 
performed by a more simple tonality. At this time I should 
like to state that, at times, a voice may be satisfactorily pro- 
duced even though we omit characteristics which fall in the 
aforementioned “key” category. Commercial considerations 
are as real to the musical engineer as the physical and acous- 
tical considerations. The attack component for block sounds 
is roughly in the 200 microsecond range. 

Going back to the opening statement, it would appear that 
we need a controlled damped wave oscillator. From a stand- 
point of cost and performance, an rc-type phase shift oscil- 
lator degenerated in the cathode with a variable resistor is 
highly satisfactory. By reducing the loop gain to less than 
unity, the oscillator is ready to put out that single damped 
wave train upon demand. By building a specific pulse for 
each voice to represent the attack component, the pulse may 
be reproduced directly and used to strike the damped wave 
oscillator as well. If the pulse is made positive, it can be 
applied to the center mesh of the phase shift network, which 
forms part of the damped wave oscillator. 

The next instruments to consider are those which have no 
specific pitch, but instead exhibit a band of what, at another 
time and place, would be called noise. Cymbal, maracas and 
brush are good examples. The cymbal is perhaps the most 
interesting of these voices because of the very complex na- 
ture of the sound it emits. A typical cymbal, if struck and 
allowed to ring “free, can speak several sounds, like the 
whispered “he,” “ha” and “hoo.” Even though the cymbal 
actually speaks several sounds which are reminiscent of 
whispered syllables, a very usable voice may be made by 


starting with white noise and keying the desired envelope 
into a frequency-modulated band-pass filter tuned to speak 
the whispered syllable “he.” The envelope should be made 
up of an approximate 200 microsecond attack followed by a 
level attenuation of 15 db during the next 30 milliseconds. 
After the first 30 milliseconds, the level should “hang on,” 
falling only about 10 additional db during the next 250 
milliseconds. A good rate for the frequency-modulated 
swing of the band-pass filter is seventeen cycles. The pur- 
pose of the frequency modulation is to obtain the shimmery 
effect caused by the continuous shifting of the vibratory 
nodes in the actual cymbal. This shifting of nodes results 
in shifting of the frequency bands of the emitted sound. It 
should be stated that here again is an example of a very 
simple tonality performing the musical function of a more 
complicated tonality. A point of interest is that while the 
acoustical cymbal retains its characteristics at low levels, a 
“sound sketch” depends somewhat on the level at which it 
is presented. The correct psychological effect cannot be 
produced, for instance, in a location where the noise level is 
such that the long, low level “hang on” of the sound en- 
velope is lost. 

The maracas are quite interesting in that they present a 
special problem in an electronic instrument with automatic 
rhythm pattern and variable speed control. The normal mu- 
sical speed range is from 36 beats per minute to 195 beats 
per minute. Thirty-six beats per minute is equal to 1666 
milliseconds per beat. One hundred ninety-five beats per 
minute is equal to 307 milliseconds per beat. If the maracas 
are to speak eight times per beat, then at 36 beats per min- 
ute they would have a total time from “on” to “on” of 208 
milliseconds. With a switch dwell time of 50% “on” and 
50% “off,” the “off” time would be 104 milliseconds. If a 
50 millisecond sustain period follows each “on” period, then 
the voice will speak for 154 milliseconds and will be silent 
for 54 milliseconds. At 195 beats per minute, the total “on” 
to “on” time for the same maracas would be only 38 milli- 
seconds, the “on” period would be only 19 milliseconds and 
the 50 millisecond sustain would carry right through the 19 
millisecond “off” time. The method of approach for this 
problem is as follows: one voice sustains 25 milliseconds 
and the other sustains 50 milliseconds. By using a twin 
triode such as a 12AX7 for a twin keyer, we can cross- 
couple the two circuits with a common un-bypassed cathode 
resistor. By using negative bias to turn the keyer off, we 
can key by blocking the bias. Turning one side on hastens 
the turn-off of the opposite side, due to the added cathode 
bias. 

Electronic percussive sounds offer many possibilities for 
additional work. Pure percussive effects may be produced 
that actually excel their acoustical counterpart. The fact 
that a given instrument has a peculiar characteristic, such 
as a strong unrelated overtone, is not an adequate reason 
for adding it to the electronic prototype. The target to aim 
at, in the design of percussion sound generators, is the 
desired psychological effect. We do not attempt to dupli- 
cate any component of a percussion sound unless we are 
reasonably convinced that this particular component is re- 
quired to produce the aforementioned psychological effect. 
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New Trends For Stereo Recording Consoles* 


Puitie C. ERHORN 
Audiofax Associates, Inc., Stony Brook, Long Island, New York 


Several custom consoles utilizing many miniaturized components in a highly functional and con- 
venient format are described. Cabinet styling combines eye appeal and equipment accessibility for 


both operating and maintenance personnel. 


N the design of any mixing facility, the basic approach 

somehow concerns itself primarily with the scope of elec- 
trical inputs and outputs and the necessary components 
which go between. Operating features are often relegated to 
a very secondary consideration. A casual survey of available 
packaged commercial units readily shows considerable simi- 
larity of symmetrically placed controls, with few exceptions 
indicating a striking resemblance to panel layouts in vogue 
20 years ago. 

Possibly one of the outstanding problems facing the mix- 
ing engineer today is how to control intelligently the ever- 
increasing number of microphones used in typical recording 
sessions. Undoubtedly one of the greatest deterrents to 
proper handling of many microphones is the well known 
rotary attenuator with its large mixing knob, requiring at 
least 2% in. center-to-center spacing. With such spacing it 
is possible for one hand to encompass only two knobs. A 
dozen knobs spreads out laterally over 30 in. of panel space, 
not including space for master gains or high-level input con- 
trols. The use of smaller diameter rotary attenuators with 
correspondingly smaller diameter knobs produces nothing 
but finger pinching and an insecure feeling. It is unnecessary 
to carry this approach further for any experienced mixer. 

For quite some years now, the motion picture industry 
has been using straight-line or vertical mixing controls. 
After going through an evolution of semi-elliptical vertical 
motion, the present day models describe a perfectly planar, 
straight-line motion, affording the most important feature 
of close center-to-center spacing with finger-well knobs. 
Thus a dozen mixing pots may be mounted on 1% in. cen- 
ters and cover a span of only 18 in. laterally, as shown in 
the control panel of the recording console pictured in Fig. 1. 
This leaves adequate room for the master gains and high 
level input controls without exceeding a 32 in. panel width, 
certainly well within easy reach of the control engineer. 


* Presented April 5, 1961 at the Spring Convention of the Audio 
Engineering Society, Los Angeles, California. 


The inclusion of these convenient vertical pots entails 
even less initial patience in learning to use them to advan- 
tage than learning to play “Chopsticks” on the piano! Ex- 
perienced control engineers point out that they can readily 
handle many more controls than with conventional rotary 
pots, and with greater sensitivity in touching up. At least 
double the number of positions can be handled since fingers, 
rather than the whole hand, span more usable centralized 
control space. This in turn allows inclusion of other im- 
portant controls on the main mixer panel without crowding. 
Both step-type and slide-wire controls are available, and 
those pictured are stepless slide units which produce a very 
smooth fade up or down in attenuation and movement. 

The miniature rotary attenuators in line directly above 
the main mixing pots (see Fig. !) control echo feed for 
each position. “Echo-send” circuit VU meters are mounted 
on the left side accessory panel as a protection towards any 
tendency to inadvertently overload the echo chamber or 
electronic device. “Echo-return” controls are directly in 
line above the master gains of this 3-channel stereo mixing 
console, and are situated at the right-hand end of the main 
mixer panel. The only other rotary type controls are the 
submasters, located next to the appropriate gain reduction 
meters on the main meter panel, which are associated with 
the ganged stereo monitor gain controls for both control 
room and studio to be found on the right-hand end of the 
same panel. The pushbuttons alongside the monitor gains 
provide for listening to three, two, or single channel modes 
while actually doing a 3-channel mix. The knobs on the 
side accessory panel control talkback gain and echo “time”; 
this feature allows feeding a controlled proportion of the 
echo return back to the echo chamber. This tends to make 
up for the short time delay of a small chamber or to increase 
the echo density of electronic echo devices.! 

In this panel layout, a considered selection of currently 


1M. R. Schroeder and B. F. Logan, J. Audio Eng. Soc. 9, 192 
(July, 1961). 
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Fic. 1. Twelve-microphone, 3-channel recording console with op- 
tional gain reduction. 


available professional audio components has made possible 
both a symmetrical in-line grouping and a most flexible 
electrical design. Operational controls are where the control 
engineer can readily reach them without moving from his 
chair, and sufficient controls are available to eliminate any 
need for patching in normal operation of the console. Figure 
2 illustrates how this type of design has been carried out in 
a similar console with somewhat smaller microphone mixing 
facilities. A complete jackfield fills the right wing, and the 
left wing accessory panel contains, in addition, hi-pass filters 
for each echo channel plus a simple-to-operate but electri- 
cally complex stereo monitoring switch for both bus-direct 
and machine playback monitoring. The long vertical push- 
button switch is a complete cue switch for tracking and for 
feeding headphones. Black and white reproduction fails to 
show the engraved panels which are finished in baked green 
enamel, a pleasant relief from dreary gray. The furniture 
shell is finished in frost walnut formica. 

Figure 3 is an abbreviated block diagram of a typical 12- 
microphone’ input mixer; if the sequence is followed from 
the Microphone-1 input, it is seen that an equalizer follows 
each microphone preamplifier. The selected equalizer unit 
is a most intriguing job of miniaturized engineering, and 
since the individual bezel dimensions are 1% in. & 3% in., 
an even dozen of them can be grouped in line directly above 
the echo mixing pots on the main mixer panel. The opera- 
tional controls of these equalizers most appropriately consist 
of two vertical sliding detented levers plus two finger-tip 
rotary frequency selectors. The use of twelve microphone 
equalizers may appear redundant and expensive, but much 
time can be saved in a busy session if things do not have to 
grind to a halt while patchcords are used to try some effect. 
Of course the need for microphone equalizers has been 
brought into focus through an unfortunate lack of under- 
standing of microphone pickup characteristics as related to 
acoustic problems in contrived studios. The equally unfor- 
tunate high-end resonances and snob appeal of earlier con- 
denser microphones has engendered a generation of A & R 


people who wouldn’t recognize a flat response if they heard 
it. They actually demand an exaggerated sound, and thus 
the “futzer.” 

Lined up above the equalizers, as shown in Fig. 1, are a 
group of color-coded illuminated selector switches. These 
switches include interlock, with positive lockout against 
more than one station of each group of three being depressed 
at atime. They select any microphone input to any of the 
three mixing channels, once more eliminating patching. The 
microphone is also switched to the appropriate echo-send 
channel, so that stereo isolation is not lost through a com- 
mon echo chamber. Three 5-station buttons above the high- 
level input pots on the left side of the main mixer panel 
select either tape playback, stereo turntable, or a bridged 
feed of the other channels for submixing and 3-2 channel 
shrinking. All of these push-button switches are custom 
made, with plungers actuating leaf-spring contact pile-ups 
identical with those so familiar in audio jacks. Form D 
make-before-break operation eliminates noise when in use, 
even while recording. 

The console of Fig. 2 is pictured in Fig. 4 with the front 
doors lifted out and with the main control panel pivoted up 
(via heavy steel pins and sockets). This last feature will 
allow the console to pass through a 32 in. doorway. It also 
affords excellent access to the underside of the mixer panel 
and the various controls. The always present necessity of 
dropping a pot for cleaning has not yet been circumvented 


i 
%, 
: : 


. 


Fic. 2. Full view of smaller 3-channel stereo console; note 3-channel 
echo facilities on accessory panel. 


with available domestic controls. However, an interesting 
solution involving cadmium sulfide photo-resistors energized 
by a variable light source, and involving only a dec circuit 
and control rheostat is in use in the public address system 
of the Arts and Sciences Building at The Hague in Holland.” 

The plug-in, printed-wiring amplifiers visible in two rows 
in the center lower compartment are now available in a 


2 Philips Technical Review 21, No. 2 (1959-60). 
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Fic. 3. Abbreviated block diagram of typical 3-channel stereo mixing console. 
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smaller format which is interchangeable physically (but not 
with respect to power supply) with an earlier version in 
wide use for the past fifteen years or so. The rather gentle- 
acting gain reduction amplifiers located on the bottom deck 
should not be confused with shelving-type compressors. A 
compressor is certainly not needed between the console and 
the tape recorder! Gain reduction does a great deal to hold 
down levels which must be coped with when recording musi- 
cally senseless but commercially successful “Rock-n-Roll.” 

There are two power supplies visible in the lower left 
compartment (Fig. 4). The smaller supplies 24 vdc to 
lights and relays. Silicon diodes are used in a fuse-protected 
bridge, and despite a 10 ampere current capability, the sup- 
ply is small. Amplifier power demand is quite heavy, in this 
case 300 vde at 625 ma and 12.6 vac (biased center taps) 
at 18.0 amp. The usual method of splitting this require- 
ment among three separate supplies was discarded in favor 
of a single supply using a common transformer and silicon 
diode bridge/filter with a capability in considerable excess 
of the total requirement. This feeds three tube-cathode 
followers (6AS7G), each in turn feeding one third of the 
console demand. Self biasing of the 6AS7’s through a vari- 
able control allows B-plus to be set exactly 300 v under 
load. The cathode follower circuits and filters hold ripple 
voltage to about 8 mv rms, and at the same time decouple 
things adequately through low internal impedance and a 
modicum of simple regulation. This power supply can be 
readily replaced, although only with considerable muscular 
exertion since it weighs about 75 lbs. While the solid state 
rectifiers and plenty of reserve margin make this a remote 
possibility, the emission of the 6AS7’s must be checked 
periodically as they pass heavy current. 

A blower visible in the lower right-hand compartment 
(Fig. 4) is speed-controlled by a variac in order to reduce 
mechanical noise while still maintaining a good air move- 
ment among the amplifiers. 

The microphone mixing and re-recording console pictured 
in Fig. 5 involves the same tried and proven physical format, 


Fic. 4. Console of Fig. 2 with front doors removed and main mixer 
panel pivoted upwards. 


NEW TRENDS FOR STEREO RECORDING CONSOLES 


ric. 5. Four-channel stereo console with 4-channel stereo echo. 


in a shell 7 ft long and 43 in. high finished in teak formica. 
Note that the Naugahyde-covered arm rest is at the proper 
height to hit the midriff when seated in a comfortable office 
swivel chair, which puts the main mixer panel at exactly the 
most usable height. Despite the fact that this four-channel 
stereo console has 16 microphone inputs, which with asso- 
ciated controls necessitates a 42-in. wide center control 
panel, every control and jack may be reached without mov- 
ing the chair from center position. Variation in the place- 
ment of certain controls and inclusion of others not men- 
tioned previously constitute some of the custom aspects. The 
stereo monitor switch has been further expanded to include 
a “composite” button which gives a monophonic combina- 
tion of all four console or playback channels heard through 
the two center loudspeakers. 

Monitor amplifiers are the only amplifiers missing from 
all of these consoles, although all monitor feeds and gain 
controls are included. It was not deemed good engineering 
practice to feed perhaps plus 45 dbm levels to the jackfield, 
adjacent to considerably lower-level pairs. Talkback cir- 
cuits use the studio playback speakers; short the busses to 
prevent feedback via open studio microphones; short the 
control room speakers, and of course allow insertions on the 
busses for tape slating. There are 16 grouped push-buttons 
on the left wing accessory control panel which are used to 
feed simultaneously any combination of output channels to 
auxiliary recorders of one through four tracks. Test data 
for these consoles, measured in accordance with EIA Stand- 
ard RS-219 dated April 1959, show a signal-to-noise ratio 
of 71-75 db measured from microphone input to program 
output, with variations caused by random selection of tubes. 
Typical total harmonic distortion at plus 4 dbm output 
varies from 0.29% to 0.4%; with 10 db higher signals fed 
throughout, the total harmonic distortion at plus 14 dbm 
output is 0.6% at 1 kc, increasing to 1.2% at 50 cps. Natu- 
rally gain reduction was switched off for these tests. 

To expedite checkout when the studio is put into opera- 


(Continued on Page 310) 
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A Small Unidirectional Dynamic Probe Microphone* 


ERNEST SEELER 
Shure Brothers, Inc., Evanston, Illinois 


This paper describes a unidirectional dynamic microphone of small size utilizing the “uniphase” 


system. 


Under idealized conditions the elements of the phase shift network employed can be 


shown to be functions of the independent variables: (a) the inertance of the back entry, (b) its 
resistance and (c) the distance of the two sound-entries. Under real conditions certain modifications 
of the phase shift network are necessary; these are described, as is a partially laminated Mylar 


diaphragm used. 


HE requirements for a pressure-gradient unidirectional 

microphone for use in public address systems can be sum- 
marized as being: small size, in order to be unobtrusive; a 
suitable frequency response and output level available from 
low and high impedance output connectors; a random energy 
response equal or less than 1/3, therefore indicating a cardi- 
oid, super-cardioid* or hyper-cardioid* polar pattern as de- 
sirable; a uniform discrimination over the audio spectrum 
transmitted, to avoid feedback at frequencies otherwise 
favored by the microphone; a polar pattern of rotational 
symmetry having the major axis of the microphone as axis 
of rotation, so that positioning of the microphone or of the 
loudspeakers becomes less critical; a stable acoustic phase 
shift network within the microphone to insure proper acous- 
tic performance during its life time—an objective not easily 
attained with network components (particularly mechani- 
cal) required to be in delicate balance for a long period of 
time; and, finally, low mechanical noise sensitivity as well 
as high blast or “pop” resistivity. 

The requirements of both small size and uniform dis- 
crimination over the audio-frequency range are somewhat 
contradictory, because the polar pattern of a pressure- 
gradient microphone as well as the characteristics of its 
phase shift network collapse at certain frequencies. In order 
to maintain proper performance at these frequencies, use is 
made of the phenomenon of diffraction of sound by the mi- 
crophone case. Generally, the smaller the case dimensions, 
the higher the frequencies of incident sound must be to cause 
desirable diffraction effects, demanding, therefore, an in- 
creased frequency range of the phase shift network. 

A solution of these problems has been attempted with the 
design of a first order pressure-gradient microphone based 
on a refined version of the “uniphase” system. This sys- 
tem utilizes a single transducer together with an acoustic 
phase shift network so arranged as to react to the phase 
shift 2xf (d/c) cos @ which occurs between two points in 
space immersed in a sound field of plane progressive waves, 


* Presented October 12, 1960 at the Twelfth Annual Convention of 
the Audio Engineering Society, New York. 

1B. B. Bauer, J. Acoust. Soc. Am. 13, 41 (1941). 

= B. B. Bauer, Electronics 15, 31 (1942). 

3R. P. Glover, J. Acoust. Soc. Am. 11, 296 (1940). 

4B. B. Bauer, J. Acoust. Soc. Am., op. cit. 


where d is the distance between the two points, c the velocity 
and f the frequency of sound, and @ the angle between the 
direction of incident sound and the line connecting both 
sound entries (Fig. 1). 


180° 


PsP, imt Po=Pe jw(t-2 cos @) 


Fic. 1. Two point array. 


The application of this system to a moving coil micro- 
phone is depicted in Fig. 2, which shows a simplified sec- 
tional view of the acoustically interesting part of the micro- 
phone as well as its acoustical network. L3, Rz and C; 
represent the inertance, acoustical resistance and acoustical 
compliance of the diaphragm and voice coil assembly; C, 
represents the acoustical capacitance of the cavity between 
diaphragm and poles of the magnetic structure; L, and R, 
represent the inertance and resistance of the slits formed by 
voice coil and poles and of the screen A placed adjacent to 
the air gap; Cy represents the acoustical capacitance of the 
cavity within the magnetic structure; Z; and R; represent 
the inertance and the acoustical resistance of the annular 
slit which surrounds the magnetic structure and which con- 
tains the screen B; P, is the pressure at the diaphragm while 
Pz is the pressure at the back opening of the annular slit; 
d is the “effective” acoustical distance between the center 
of the diaphragm and the back opening (d is usually taken 
as the shortest unobstructed distance between these two 
points and is assumed to be independent of frequency in 
the following derivations) ; « — Av is the volume current in 
the branch Z;, where v is the velocity of the diaphragm and 
A is its effective area (A is also assumed to be independent 
of frequency). 

With the help of the acoustical network shown in Fig. 2, 
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Fic. 2. Cross-sectional view and acoustical network. 


the volume current through impedance Z; (diaphragm) can 
be expressed as 
u = [(1 + 2Z,/Z2) P; — P2)/ (1) 
[Z: (1 + Z,/Z2) + Z;) 
where Z; = pls + Rs + 1/pC3, Ze = (ply + Ro + 
1/pCy) || 1/pC, and Z, = pL, + R,, with p = jo = j 2af. 
Assuming a field of plane progressive waves, then P; = 
P exp jot, P2 = P exp jw (t— K cos 6), with K = d/c, and 
the amplitude of the volume current is 
U =P [(14+ 2Z1/Ze2) — ePK 89] / (2) 
[Zs (1 + 2Z:/Z2) + Zi] 
and, since U = 0 for 6 = 180° is desired—in order to obtain 
a cardioid pattern—, the condition 
1 a Zi /Zs = epK (3) 
must be fulfilled. It is to be noted that condition (3) does 
not include requirements for Z;, i.e., for the diaphragm 
parameters. 

The network of Fig. 2 does not permit an analytical solu- 
tion of (3); the approximate values of the network parame- 
ters have been ascertained by substitution, trying to obtain 
in the relation 

1 +- Z;/Z2 = aehrK (4) 
the values a = a(w) ~ 1 and 8 = B(w) ~ 1 for as wide a 
frequency range as possible, where a and £ are real functions 
of », 

For low frequencies, however, it is possible to obtain 
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Fic. 3. Auxiliary variable s as function of q. 


0.0 


values for L,, Ry, C, and C, as functions of two independent 
variables, R,, L; and of one design parameter, d, best chosen 
in the form: g=L1,/KR,. These three are particularly 
useful for estimating the frequency response (i.e., response 
for @= 0°) and level of the system at low frequencies. 

If R, > 0, the expression on the left of Eq. (3) can be 
developed by means of McLaurin’s expansion and the co- 
efficients of p",n = 1, 2, 3, 4. . . compared with those of 
the series expansion of exp pX, terminating the series after 
n=4. The following group of equations can then be ob- 
tained: 


Fic. 4. Photograph of diaphragm. 


i= R, (Ca + Cy) (5) 
K?/2 = L, (Ca + Cy) — Ri Rp C? 
= C;? {R, Cr [R,?- (L, C,) | = L, R,} 
K*/24=C,3 {L, [R,* - (Ly Cy) | + 
C, Ry Ry [2 (L,/Cy) | -— Re}. 


With 
q=1,/KRi (q>%) 
the equations can be rearranged to yield 
Cy, = (K/R,) s = (L1/R;*) (s/q) (6) 
Cy = (K/R;) (1-s) = (Li/Ri* [(1-s)/q] (7) 
Ry = R, [(2g-1)/(2s*)] (8) 
L, = (KR,/12s*) {3 (1 -2q)?- (9) 


2s [1-—3q (1-2q)]} = 
(L1/qs*12) {3 (1 -2q)?- 
2s [1 -—3q (1 -2q)]}. 

The auxiliary variable s = s(q) is determined by a quad- 
ratic equation, the parameters of which are themselves 
functions of g: 

s* {1-—4q [1 -3q (1-2q)]} - (10) 
4s (1 —2q) [1 -3q (1-—2q)|] + 
3 (1-2¢)*=0. 

Of the two roots, only the larger one will yield positive 
circuit parameters, as will g > 2. The function s = s(q) 
is shown in Fig. 3. Eqs. (5) to (9) show the rather simple 

(Continued on Page 306) 
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OCTOBER 1961, VOLUME 9, NUMBER 4 


Personal Microphones” 


H. F. Otson, J. PRESTON, AND J. C. BLEAZEY 


RCA Laboratories, Princeton, New Jersey 


The term personal microphone is used to designate a microphone worn by a speaker with the 


resultant sound pickup inherently limited to the person wearing the microphone. 


The operational 


characteristics of the personal microphone have been developed. These include response to ambient 
noise, direct sound, reflected sound and feedback in a sound reenforcing system. The transducers 


suitable for personal microphones are described. 
‘ 


INTRODUCTION 


_— term personal microphone is used to designate a mi- 
crophone worn by a speaker with the resultant sound 
pickup inherently limited to the person wearing the micro- 
phone. (See Fig. 1.) Personal microphones'* are used in 
all manner of sound pickup applications, as for example 
sound reinforcing systems, radio, television, and sound mo- 
tion pictures. The reason for the widespread use of the 
personal microphone is that it possesses many desirable 
acoustic characteristics which outweigh the undesirable char- 
acteristics for many applications. Some of the desirable and 
undesirable features of the personal microphone are as fol- 
lows: The relatively small distance between the microphone 
and the source of original sound provides a large ratio of 
direct to generally reflected sounds, a high order of dis- 
crimination against noise and other undesirable sounds, and 
a large signal sound pressure with a resultant high electrical 
output for a small transducer. The location of the micro- 
phone at right angles with respect to the axis of the mouth 
of the speaker introduces frequency discrimination in the 
high frequency range as compared to the conventional sound 
pickup on or near the axis of the mouth. Turning of the 


* Presented at 1960 Fall Convention of the Audio Engineering 
Society in New York and at 1961 Spring Convention in Los Angeles. 

1L. M. Wigington and R. M. Carrell, Broadcast News, 83, 48 (May, 
1955). 

2 R. E. Werner, Broadcast News 89, 42 (1956). 


head introduces frequency discrimination and sound pressure 
variation. Movements of the speaker cause the microphone 
to rub against the clothing of the wearer, thereby introduc- 
ing undesirable sounds. The microphone cable presents an 


PERSONAL 
MICROPHONE 


Fic. 1. A typical arrangement of a personal type microphone worn 
as a lavalier. 


encumbrance to movement of the speaker on the stage. The 
purpose of this paper is to outline the salient characteristics 
of personal microphones. 
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EFFECTIVE REVERBERATION— Ea ~Epo 


103 104 105 10 
VOLUME IN CUBIC FEET 


Fic. 2. The effective reverberation of the sound reproduced by a 
personal microphone pickup as a function of the auditorium. 


RATIO OF DIRECT TO REFLECTED SOUNDS 


When a source of sound is caused to act in a room, the 
first sound that strikes a collecting system placed in the 
room is the sound that comes directly from the source with- 
out reflection from the boundaries. Following that comes 
sound that has been reflected once, twice, and so on, meaning 
that the energy density of the sound increases with the time 
as the number of reflections increase. Ultimately, the ab- 
sorption of energy by the boundaries equals the output of 
the sound source and the energy density at the collecting 
system no longer increases; this is called the steady state 
condition. Therefore, at a given point in a room there are 
two distinct sources of sound, namely: first, the direct sound, 
and second, the generally reflected sound. For rooms that 
do not exhibit abnormal acoustical characteristics it may be 
assumed that the ratio of the reflected to the direct sound 
represents the effective reverberation of the collected sound. 

Following the above exposition, when a microphone op- 
erates in a room it is actuated by two components of the 
sound, namely, the direct sound and the reflected sound. 
The ratio of the reflected sound to the direct sound repre- 
sents the effective reverberation of the electrical output of 
the microphone. The ratio of the reflected sound® to the 
direct sound for the personal-type nondirectional microphone 
is given by 

Ep 16D? {1 —¢ [eS loge (1-21 aV} (1 —a) 
Ep a aS 


(1) 


3H. F. Olson, Acoustical Engineering (D. Van Nostrand Co., Prince- 
ton, N. J., 1957). 


where Ep = energy density at the microphone due to direct 
sound, in ergs per cubic centimeter, E, — energy density due 
to the reflected sound, in ergs per cubic centimeter, D = dis- 
tance between original source of sound and the microphone, 
in centimeters, c = velocity of sound, in centimeters per sec- 
ond, @ = absorption per unit area, average absorption co- 
efficient of the boundaries of the room, S — area of the 
boundaries of the room, in square centimeters, V = volume 
of the room, in cubic centimeters, and ¢ — time, in seconds. 

If the sound continues until the sound conditions have 
attained a steady state, Eq. (1) becomes 


Ex/Ep = (16rD*/aS) (1 -@). (2) 


The ratio of the reflected sound to the direct sound repro- 
duced by the microphone under steady state conditions is of 
interest in illustrating the effectiveness of the personal type 
of microphone in reducing the deleterious effects of rever- 


Fic. 3. Arrangement for the comparison of the response to ambient 
noise of a conventional microphone with that of a personal micro- 
phone. 


beration in studio sound pickup for broadcasting and record- 
ing applications in which there is no sound reinforcing sys- 
tem. The optimum reverberation time for a studio for the 
pickup of sound for recording and broadcasting has been 
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established.‘ For the example which follows, the reverbera- 
tion time of the studio is assumed to be the accepted opti- 
mum value. The effective reverberation of the personal 


C)coG O 


e=cos@ e=1+ cos@ e= 5+cos@ 
O2 D2 L. 2 >. 
e* 3°" D 7 D 2 
e+u3 + reos@ycos @=(1+cos@1cos@ e+1.34.7c0s cos 21cos6 

02 M3 Oe. 

Dd «22 Thalasa Di 3 


Fic. 4. The directivity patterns of various microphones and the 
ratio of D, to D, for the same ratio of direct sound ra@sponse to ambi- 
ent noise response where D, = pickup distance for a nondirectional 
microphone and D, = pickup distance for a directional microphone. 


type microphone sound pickup system, for a separation of 
10 inches between the mouth of the speaker and the micro- 
phone, as shown in Fig. 1, as a function of the volume of the 
studio is depicted by the graph of Fig. 2. Referring to Fig. 
2, it will be seen that the effective reverberation is so low 
that it may be considered to be negligible for studio type 
sound pickup. 
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Fic. 5. Arrangement of the demenns 1 in a sound reinforcing system 


consisting of speaker, listener, personal microphone and loudspeaker 
and the distance between various elements. 


4 Ibid. 


Taste I. The distance D, at which a directional microphone can be 
operated for the same ratio of direct sound response to ambient noise 
response as that of a nondirectional microphone operated at a distance 
of 10 in. 


Directional pattern D: 
e=i 10 in. 
e=cosé 17 in. 
e=1+cosé@ 17 in. 
e= 5+ cosé 20 in 
e= 3+ .7 cos 6 cos (0/3) 22 in 
e = (1+ cos @) cos 27 in 
e = [.3 + .7 cos 9 cos (6/3) ] cos @ 30 in 


RESPONSE TO AMBIENT NOISE 


The small distance between the mouth of the speaker and 
the personal microphone provides a high ratio of useful 
direct sound to ambient noise level as compared to the con- 
ventional pickup systems and techniques. Accordingly, a 
comparison of the response of a personal microphone to con- 
ventional microphones, both operating under the same am- 
bient noise conditions, will be examined. The direction, 
phase and amplitude of the noise components are assumed 
to be random. 
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VOLUME IN CUBIC FEET 


Fic. 6. The distance for which the direct sound energy from a loud- 
speaker is equal to the reflected sound energy in auditoriums of opti- 
mum reverberation time as a function of the volume of the auditorium 
for loudspeakers with effective solid angles of radiation of 4x, m and 
a/4 steradians. 


The conditions for comparison of the noise response of the 
personal microphone with other microphones are depicted in 
Fig. 3. The conventional microphone may be mounted on 
a boom or a stand. In these considerations it will be as- 
sumed that the personal microphone is nondirectional. The 
ratio of D./D, for the same ratio of direct sound response 
to ambient noise response for the personal microphone as 
compared to conventional microphones is shown in Fig. 4. 
If the distance, D,, from the mouth of the speaker to the 
personal microphone is 10 inches, then the pickup distance 
for the same ratio of direct sound response to ambient noise 
response for other microphones is given in Table I. The 
data of Table I show that the effectiveness of the personal 
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type microphone is obtaining a high ratio of useful signal to 
the ambient noise signal. 


ACOUSTIC FEEDBACK IN A SOUND REINFORCING SYSTEM 


Acoustic feedback in a sound reinforcing system is one of 
the most troublesome problems because of the sound level 
limitations introduced upon the operation of the system. 


Fic. 7. The sound pressure ~: on the axis of the mouth and the 
sound pressure ps at the location of the personal microphone. 


The point at which acoustic feedback occurs determines the 
magnitude of the sound reinforcing which may be obtained. 

The system for the consideration of acoustic feedback for 
the personal microphone is depicted in Fig. 5. The assump- 
tions are as follows: the personal microphone is nondirec- 
tional; the loudspeaker is nondirectional; only direct sound 
components will be considered. Acoustic feedback occurs 
when the sound pressure from the speaker’s voice at the 
microphone is equal to the sound pressure of the loudspeaker 
at the microphone. In the operation of a sound reinforcing 
system the usual procedure is the production of a sound 
level at the listener corresponding to that existing at five 
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Fic. 8. The ratio of the sound pressure f2 to the sound pressure p: 
of Fig. 7. The dotted curve depicts the ratio when the head is turned 
45° downward. 


feet from the speaker’s mouth. For these conditions con- 
cerning the sound pressure at the listener, the relation be- 


tween the distances in Fig. 5 may be written as follows: 
D; = (60/D,) Dz (3) 


where D; = distance from the loudspeaker to the listener, 
in inches, D. = distance from the loudspeaker to the mouth 
of the speaker, in inches, and D, = distance from the mouth 
of the speaker to the personal microphone, in inches. 

If the personal microphone is located at 10 inches from 
the speaker’s mouth, Eq. 3 shows that the ratio D,/Dz will 
be 6. Furthermore, if Dz is 10 feet, Ds will be 60 feet. This 
shows the effectiveness of the personal type microphone in 
overcoming the effects of acoustic feedback. In this connec- 
tion, the distance can be increased further by the use of a 
directional loudspeaker. 


The considerations for the condition when the effects of 
reflected sound are involved are more complex because there 
are four sounds at the listener or the microphone, namely, 
the direct sound from the speaker, the reflected sounds from 


Fic. 9. The change in distance D between the mouth and the per- 
sonal microphone when the head is turned 90° to the side. 


the speaker, the direct sound from the loudspeaker, and the 
reflected sounds from the loudspeaker. As developed in a 
preceding section, the ratio of reflected to direct sound from 
the speaker’s voice at the microphone for any practical room 
is negligible. However, the sound power output of the loud- 
speaker is relatively large and as a consequence the reflected 
sounds are large and merit consideration. 

The sound energy density due to the generally reflected 
sound is a function of the absorption characteristics of the 
theater and the power output of the loudspeaker. The sound 
energy density, in ergs per cubic centimeter, due to the gen- 
erally reflected sound is given by 

cS [loge (1—a)] t 
Er = (4P/caS) ( l-e av ) (1-a) (4) 


where a — the average absorption per unit area, absorption 


(Continued on Page 312) 
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The Transmission of Room Information* 


Kraus WENDT 


Institute of Electrical Information Technique, Rhenish-Westphalian Technical 
Academy, Aachen, Germany 


The acoustical properties of a closed room influence the development in time and space of the 
sound pressure that is caused by the occurrence of a sound in the room. The time function originated 
by the sound source thus acquires, on its way to the listener, additional information concerning the 
room in which the sound takes place, and this the author calls the room information. With electro- 
acoustical transmission, the room information may be made audible in the listening room by way 
of its own channel. Measurements of the optimum loudness of the room information transmitted 
indicate that it is a function of the size and reverberation-time of the originating room. 


7HEN discussing two channel transmission of sound, one 

generally thinks of the classical stereophony, wherein 
the use of the additional channel makes possible the trans- 
mission of additional directional information. Opinions vary, 
however, as to the importance of two-channel transmission, 
leading to the belief that the value of stereophony is more 
in the greater transparency of its sound than in its direc- 
tional information. The doubtful importance, as yet, of 
stereophony makes pertinent the following analysis of a 
two-channel transmission system whose aim is not the in- 
formation over direction, but that over the room. 


* * * 


When listening to an audible event in a closed room, the 
listener receives a wide range of acoustical information, 
partly consciously and partly unconsciously. This takes 
place through: 

1. the time function of the audible event (pitch, sound 
color, volume, dynamic volume range) ; 

2. the distance between the sound source and the listener 
(absolute or relative to another source) ; 

3. the original direction of the sound; 

4. the acoustical properties of the room. 


* Translated from Rundfunktechnische Mitteilungen 4, 209-212 
(Oct., 1900). Translation provided by J. G. McKnight, Staff Engineer, 
Ampex Corporation, Audio Division, Sunnyvale, California. 


The absolute magnitude of the reverberation time, its 
frequency response, and certain distinct sound reverberations 
represent characteristics of the size and type of the room. 
The information mentioned under 4. may be called “room 
information.” 

In transmitting an audible event electro-acoustically, 
some of the above-named information is generally lost on 
the way from the transmitting to the receiving rooms. 

The time function of the sound pressure at a certain loca- 
tion in the transmitting room can be transmitted as accu- 
rately as desired with sufficient technical effort. However, 
this is generally not sufficient for satisfactory reproduction, 
as shown by the various attempts at improving single- 
channel reproduction and the introduction of multi-channel 
procedures. 

Under normal listening conditions, the distance informa- 
tion in closed rooms is obtained essentially from the ratio 
of direct sound to indirect (reverberant) sound. A favorable 
choice of microphone location, ‘or the combination of the 
outputs of several microphones located at different distances 
from the sound source, help in attaining a satisfactory single- 
channel transmission. For musical transmission from sta- 
tionary sound sources located at approximately equal dis- 
tances from the listener, the distance information is less 
important than in transmission from moving sources. 

The transmission of directional information from moving 
or simultaneously audible sound sources requires at least 
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two channels. In these cases the reproduction of the direc- 
tion of the sound is generally only possible within a certain 
section of the listening room. The importance of directional 
information in the transmission of a musical performance is 
controversial. Probably the value of stereophony rests not 
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Fic. 1. System for the transmission of room information. 


so much in the true reproduction of the placement of the 
instruments in the room, but rather in the fact that they are 
separated from one another. It is known that the effect of 
the acoustical masking of one sound by another one de- 
creases with an increase of the angle between the sounds!”. 
Hence stereophony improves the possibility of concentrating 
one’s attention on one of the several instruments sounding 
at the same time. 

The amount of room information in a microphone pickup 
varies directly with the ratio of the pickup distance to the 
echo radius.t However, for obvious reasons it is quite un- 
satisfactory to use only one microphone located far outside 
the echo radius, in the field of diffused sound. The simul- 
taneous use of a direct microphone located close to and in 
front of the sound source, and a room microphone located 
far outside of the echo radius makes possible a single-channel 
transmission of the room information. It is a disadvantage 
that in the reproduction—contrary to the normal situation 
in a room—the reverberant sound is always perceived from 
the same direction as the direct sound. Firstly, this fact is 
disturbing in a psychological way, and, secondly, the ratio 


1J. C. R. Licklider, “The influence of interaural phase relations 
upon the masking of speech by white noise,” J. Acoust. Soc. Am. 20, 
150-159 (1948). 

21. J. Hirsh, “The relation between localization and intelligibility,” 
J. Acoust. Soc. Am. 22, 196-200 (1959). 

3F. A. Webster, “The influence of interaural phase on masked 
thresholds,” J. Acoust. Soc. Am. 23, 452-462 (1951). 

4L. A. Jeffres and H. C. Blodgett, “The masking of tones by white 
noise as a function of the interaural phases of both components,” 
J. Acoust. Soc. Am. 24, 523-527 (1952). 

5J. Pollack and J. M. Pickett, “Stereophonic listening and speech 
— against voice babble,” J. Acoust. Soc. Am. 30, 131-133 
1958). - 

6K. Wendt, “Die Wortverstandlichkeit bei zweiohrigem Héren,” 
(The intelligible perception of words in two-ear listening), Nachrich- 
tentechnische Fachberichte 15, 21-24 (1959). 

t Echo radius refers to the distance at which direct and reverber- 
ated sounds are of equal amplitude. 


of the microphone levels is critical. Either the transmission 
of the room information remains unsatisfactory, or, with a 
greater reverberation, the direct sound is partially covered. 
Here the use of a separate channel for the transmission of 
the room microphone signal proves helpful.’ Then the time 
lag of the room channel versus the direct channel gives 
additional information on room size. The reproduction may 
be performed in either of the following ways: 

1. A normal loudspeaker directed towards the listener is 
used to radiate the direct sound, while the room sound is 
reproduced through a bi-directional loudspeaker whose 
minimum of radiation lies in the center line of the room. 

2. A symmetrical arrangement of two loudspeakers is 
used, as in stereophony, but now one speaker receives the 
sum of the voltages of the direct channel and the room 
channel, and the other their difference. If the listener is 
located at the same distance from both loudspeakers, the 
direct sound seems to come from the center, between both 
loudspeakers. 

In both procedures the room sound seems to come from 
the sides of the listening room when one listens within a 
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Fic. 2. Reverberation times of recording rooms vs frequency. 
Room descriptions and volumes, (cubic feet): (A) dark room, 530; 
(B) manager’s room, 3,530; (C) practice room, 12,000; (D) study 
room, 15,890; (E) cellar room, 12,700; (F) echo chamber, 5,300. 


certain center zone. For seats outside of this zone, this 
effect disappears. Therefore, the following procedure is 
more desirable: 

3. A main speaker system serves to radiate the direct 
sound as in single-channel transmission. The reproduction 
of the room channel is done by several loudspeakers dis- 
tributed along the walls. The location of these loudspeakers 
as well as that of the listener in the reproduction room is 
non-critical, since the room channel transmits the sounds 
with a time lag due to the large distance between the micro- 
phones. Hence, the loudspeakers of the room channel are 

(Continued on Page 318) 


7H. Lauridsen and F. Schlegel, “Stereofonie und richtungsdiffuse 
Klangwiedergabe,” (Stereophony and directionally diffused sound re- 
production), Gravesaner Blaetter 5, 28-50 (1956). 
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A New Reverberation Device for High Fidelity Systems” 


H. E. Metnema, H. A. JoHNson, AND W. C. Lausg, Je. 
Hammond Organ Company, Chicago, Illinois 


The need for a practical low cost device to add smooth reverberant sound to high fidelity repro- 
ducing systems, in order to obtain “live performance” effects, has long been recognized. 

It is the purpose of this paper to describe such a reverberation device and to discuss the prin- 
ciples of operation as well as performance characteristics. 


INTRODUCTION 


C was determined many years ago that some form of rever- 
beration would be very desirable for the organs which we 
manufacture. A unit was developed at that time using coiled 
springs which was quite satisfactory for this purpose.’ It 
was not without its faults, however, as it was large, employed 
oil damping and, because of its multiplicity of intricate parts, 
was rather expensive to manufacture. Recently a study was 
made of various methods of producing reverberation effects 
as a basis for the design of an improved device. They in- 
cluded the following: 1. acoustic chambers, 2. acoustic pipe 
transmission lines, 3. electrical transmission lines, 4. mag- 
netic tape delay, 5. vibrating plates, 6. ultrasonic delay lines, 
and 7. coiled spring transmission lines. 

In view of the requirements established, the only one that 
appeared to merit further consideration was the coiled spring 
device in an improved form from that mentioned above. 

The most important requirement was that the cost be very 
low, and the next that it be small in size. The desired speci- 
fications were as follows: 

1. The longest delay time” should be somewhere between 
thirty and seventy milliseconds. A short delay gives the 


* Presented October 14, 1960 at the Twelfth Annual Convention of 
the Audio Engineering Society, New York. 

1U. S. Patent No. 2,230,836, L. Hammond, Feb. 4, 1941 (filed 
July 5, 1939). 

=“Delay time” as here used means the time differential between 
successive acoustic reflections, usually measured in milliseconds; and 
should not be confused with “decay time” which is commonly called 
“reverberation time” and refers to the number of seconds for a sound 
to fall 60 db in a given environment. 


effect of a small room while delays in excess of seventy mil- 
liseconds cause a lack of clarity in percussive sound and fast 
moving musical passages.* 

2. The frequency response of the reverberated signal 
should cover most of the audio spectrum. 

3. The reverberation or decay time should approach the 
optimum values as now established, i.e., approximately two 
seconds at the very lowest frequencies, dropping to one or 
one and a half at the highest frequencies.‘ There should be 
no sharp variations in decay time with frequency. In order 
to obtain decay times of the above order at high frequencies, 
the loss in the delay line must be exceedingly small. 

4. The velocity of the wave must not vary with frequency, 
for if it does the partials or harmonics of a complex wave 
will suffer phase distortion compared to the fundamental. 

5. Multiplicity of delay times is necessary to avoid 
flutter or echo effects. This is very important for clean re- 
production of percussive sounds such as piano, cymbals, etc. 

It soon became apparent that a device meeting the above 
requirements for organ use would also be suitable for home 
entertainment sound systems. 

Since the coiled spring approach had been chosen, it be- 
came essential to determine the most desirable mode of 
operation of the springs. 

Of the various modes of mechanical transmission of sig- 
nals along a helical spring, three are evident: transverse, 
longitudinal, and rotational motion of the spring. These are 


3 Leo L. Beranek, Acoustics (McGraw-Hill, 1954), p. 428. 

4 Ibid., pp. 425-426, Figs. 13.25 and 13.26. 

5 Harry F. Olson, Musical Engineering (McGraw-Hill, 1952), pp. 
276 and 299. 
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a SR ren ernn WW 
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Fic. 1. Spring transmission modes. (A) Transverse mode. (B) 


Longitudinal (compressive) mode. (C) Rotational (torsional) mode. 


dependent on the dimensions and nature of the spring as a 
coiled entity. (See Fig. 1.) 


TRANSVERSE SPRING SYSTEM 


The transverse spring system needs. but brief mention 
here. The velocity of propagation is a function of the ten- 
sion of the spring, as well as of its transverse stiffness and 
per-unit mass." This can be demonstrated by considering a 
rope held in the hand at one end and fastened at the other 
end to a rigid support. Exciting the rope transversely with a 
motion of the hand produces a wave that can be seen to 
travel back and forth along the rope. However, if the rope 
is suspended loosely its signal velocity is slow; if it is 
stretched taut, the same length of rope will transmit its 
waves faster. 

This highly variable behavior, plus the fact that a trans- 
verse spring system would be the most sensitive of all sys- 
tems to outside shock and vibration, makes it the least de- 
sirable of all for use in any delay or reverberation line. Such 
a system would also exhibit the following behavior: At 
some frequency so high that the wavelength is less than one 
turn of the spring, transverse excitation would tend to send 
transverse waves along the wire rather than along the spring, 
at a different velocity. 


LONGITUDINAL SPRING SYSTEM 


The longitudinal spring system, also called a compressive 
system, offers more desirable characteristics for use in a 


®SErich Hausmann and Edger P. Slack, Physics (Van Nostrand, 
1948), pp. 558-560. 


Mechanical rotational system 


delay or reverberation line. Its signal velocity is practically 
constant throughout the usable frequency range, being de- 
termined by the physical characteristics of the spring. It is 
less sensitive to external shock than the transverse system, 
principally because tension can be used in the mounting of 
the springs without affecting the performance. 

The first Hammond reverberation unit operated on the 
compressive principle, which represented a large step for- 
ward in improved organ music synthesis. However, there 
are a few inherent disadvantages to the system, the most 
obvious of which is that when a signal is large enough it can 
collapse the spacing between turns of the spring, causing 
distortion and noise to occur. 


ROTATIONAL SPRING SYSTEM 


The rotational, or torsional, spring system has no such 
absolute signal amplitude limit as the longitudinal system 
does. With proper mounting techniques it is least susceptible 
of all the systems to external shock, and possesses other 
characteristics which result in more desirable mechanical 
impedances and improved frequency response. 

The analysis that follows will deal with the rotational 
mode of operation, as employed in the Hammond Type 4 
Reverberation Unit. 


ELECTRO-MECHANICAL ANALOGY: EQUIVALENT CIRCUIT 


A mechanical system involving rotational motion and tor- 
sional forces has been found analogous to an electrical net- 
work, for analytical and design purposes, with corresponding 
quantities, as shown in Fig. 2.' 

The equivalent mechanical diagram in Fig. 3A (which 
represents one driver-spring-pickup link of a two or three 
spring system) can be shown to be analogous to the electri- 
cal circuit of Fig. 3B. The symbols of Fig. 2 have been used 
in these two diagrams, with the addition of further sub- 
scripts: w for wire, D for damping, M for magnet, s for 
spring, and c for coupling. Transformers 7, through 7, 
represent the following: 

T, corresponds to the magneto-mechanical drive system 
generating a torque corresponding to the electrical signal, at 
the driving magnet /,. This is analogous to a voltage across 
Ly, in Fig. 3B. The efficiency of this driving system can be 


represented in terms of the coupling coefficient and the turns 
7 Harry F. Olson, Dynamical Analogies (Van Nostrand, 1947), pp. 
22-23, 26, 94 et al. 


Electrical system equivalent 


Quantity Symbol Units Quantity Symbol Units 
Torque ie Dyne-em Electromotive foree e Volts x 10° 
Angular displacement ? Electrical charge q Coulombs X 10-* 
Angular velocity ” Radians/see Current i Amperes X 107 
Rotational impedance Z, Gram—em*/see Electrical impedance Z Ohms X 10° 
Rotational resistance ?, - x Electrical resistance r ™ " 
Rotational reactance Xx, “4 Electrical reactance h 4 ¥ ‘<i 
Moment of inertia I Gram-em’ Inductance L Henries < 10° 
Rotational compliance C, Radians/dyne-cm Capacitance Cc Farads X 10” 
Power P, Ergs per see Power r Ergs per see 

Frequency F Cyeles per see Frequency f Cyeles per see 


Fic. 2. Electrical equivalents of rotary mechanical quantities. 
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Fic. 3. (A) Reverberation unit mechanical diagram; (B) Equiva- 
lent electrical circuit diagram. 


ratio of the transformer 7;. Similarly, 7, corresponds to the 
pickup system, where the motion (angular velocity) of J, 


generates a voltage in the pickup coil. This is analogous to 
a current in Ly, (Fig. 3B) resulting in the voltage labelled 
“Eouw.’ Again, the efficiency of this pickup system can be 
represented in terms of the coupling coefficient and turns 
ratio of T,. 

Tz and T;, with C, and L, connected between, represent 
the coupling link at the juncture of the two half-springs. 

L, corresponds to the moment of inertia of the hook at 
each end of the spring. 


THE TRANSMISSION SPRING—ANALOGY TO 
TRANSMISSION LINE 


An inspection of Figs. 3A and 3B reveals the similarity of 
the transmission spring per se to an electrical transmission 
line with distributed constants, namely the moment of inertia 
and compliance throughout the length of the spring. There- 
fore accepted analytical methods used for transmission lines 
also apply to the design of the spring, as shown below. 

The Propagation Constant y (loss or change of signal per 
unit length of line) has been shown to be:** 

y = (ZY)% = [(R + joL) (G + joC) |” (1) 
where Z = impedance per unit length of line, Y = admit- 
tance per unit length of line, R = series resistance per unit 
length of line, Z = series inductance per unit length of line, 
G = shunt conductance per unit length of line, C = shunt 
capacitance per unit length of line. 

As with other complex quantities, » can be separated into 
real and imaginary components: 

y=a-+ jp (2) 
where a = “attenuation constant” and 8 — “phase con- 
stant.” 


8 Edward W. Kimbark, Electrical Transmission of Power and Sig- 
nals (Wiley & Sons, 1950), pp. 92-98. 
_ ®H. Hz. Skilling, Electric Transmission Lines (McGraw-Hill, 1951), 
pp. 12, 15, 17-50. 
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For a transmission line to operate without distortion, it 
becomes necessary that a should be independent of fre- 
quency, and £ should be a linear function of frequency. 
This has been shown to be true when: 


R/L=G/C, 
for a substitution of Eq. (3) into Eq. (1) results in: 
y = (RG)” + jo (LC)”, 


(3) 


(4) 
which makes 


= (RG)” and B = » (LC)”. (5) 


Resistive losses in electrical circuits can only be repre- 
sented by frictional or viscous losses in mechanical arrange- 
ments. Such losses are practically non-existent in a torsional 
spring. This is equivalent to the following in the electrical 
circuit: 


A2=G¢ =6. (6) 


This is one solution of equation (3), and therefore results 
in the operation of the spring as a “distortionless” transmis- 
sion line throughout its useful frequency range, i.e., no 
spurious frequencies (harmonic or otherwise) are generated 
in the spring by the presence of a signal. 

A properly matched load on a transmission line will gener- 
ate no reflections; the output signal will be only one pulse 
for each input pulse, and the frequency response will be flat 
to some cutoff frequency. If now the transmission line is 
improperly matched, the ratio of line impedance to termina- 
tion being significantly different from 1, such termination 
gives rise to reflections within the line, and, in the case of 
lossless lines, these can continue for long periods, depending 
upon the degree of absorption at the terminations. Control 
can be achieved if resistance is inserted at the terminations, 
and results in a device with reverberatory characteristics. 


CALCULATION OF TRANSMISSION 
SPRING CHARACTERISTICS 


Here some terminology can be introduced. If a helical 
spring made of circular cross-section wire is considered, its 
dimensions can be identified as shown in Fig. 4. Note from 
this figure that the helix diameter and radius are measured 
i.e., R consti- 


from the center line of the wire cross section; 
tutes the mean radius of the spring. 


2a 
Fic. 4. Helical spring dimensions. Helix angle == © (degrees) ; helix 
diameter — 2R (centimeters); wire diameter — 2a (centimeters); 


helix radius — R; wire radius — a. 
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A. The Moment of inertia 


(/,) of one turn of the spring is given from analysis of a 
toroid (Fig. 5) by:*° 


I, = 2nR + wa? + R? + p = 2n*R°a%p (7) 


where R = radius of spring helix (cm), @ = radius of spring 
wire (cm) and p = density of material (g/cm*). 


B. Compliance 


Torsional deflection, ® of a spring of m turns with applied 
moment M is given by:™ 


© = 128MRn/Ed* (8) 


where d = wire diameter (cm) — 2a and E = Young’s 
modulus of elasticity (dynes/cm?). 
Setting nm = 1 and noting that 


#/M = C,, = compliance of one turn (9) 
of the spring, 


the following is evident: 


C,, = 128R/(E> 2+ a*) = 8R/Ea*. (10) 

In this connection it should be noted that Young’s modu- 
lus of elasticity is only secondarily related to tensile strength, 
per se, which is understood to be that value in pounds per 
square inch to which a material can be stressed without per- 
manent deformation; that is, two samples of steel with dif- 
ferent heat treatments, for instance, might have the same 
modulus of elasticity but would have different tensile 
strengths as a result of the heat treatment. If these samples 
are transmission springs with all other parameters equal, 
there will be no difference in performance. However if two 
different materials with two different elasticity moduli are 
used in making such springs, although they might happen 
to have equal tensile strengths, their performance will vary 
in accordance with the modulus value. 


C. Impedance 
The characteristic impedance of a transmission line is 


Z, = (2/Y)* = [(R + joL)/(G + joC)]”%. (11) 


— 


Fic. 5. Moment of inertia of one turn of spring = J, where 
I, = 24R>+a®+ R?*p— Zr’ R* a’ p 
where R = radius of spring helix (cm) 
a = radius of spring wire (cm) 
p = density of material (grams per cm*) 
and /, is in gram-cm’. 


10 Fred B. Seeley and Newton E. Ensign, Analytical Mechanics for 
Engineers (Wiley & Sons, 1941), pp. 432-436. 
11 A. M. Wahl, Mechanical Springs (Penton, 1944), p. 326. 


( 
{ 


Fic. 6. Behavior of torsional spring near upper cutoff frequency. 


On a lossless line R = G = 0 and therefore 


Z, = (L/C)”. (12) 
In the mechanical analogy this becomes 
Z,,= (1,/C,,)” (13) 
and by substitution from Eqs. (7) and (10), 
Z,, = (wRa*/2) (Ep) (14) 


It should be noted here that, since /, is analogous to the L 
in an electrical transmission line, X,, (rotational reactance, 


per Fig. 2) is also analogous to X,. And since, electrically, 
ol = 2xfL = X,, (15) 


then it is also true that 
2rfl, = X irs: (16) 


This is analogous to the reactive component of the line 
impedance, shown as “jw” in Eq. (11). This means that 
the “inductive reactance” of the transmission spring in- 
creases directly with frequency, and therefore dominates the 
transmission performance at high frequencies. This results 
in essentially constant velocity behavior (analogous to a 
constant current device, electrically). Conversely, at low 
frequencies the shunt capacitive reactance in a transmission 
line is high, and the series inductive reactance low. In simi- 
lar fashion to that above: 


Xrc0e = - 1/(2xfC,.) (17) 


Also, by inspection of Fig. 3B, it can be seen that at low 
frequencies the largest series reactance becomes that of C,, 
representing the support wire, the compliance of which is 
the controlling factor. 


D. Velocity of Propagation 


The velocity of a wave on a lossless transmission line is 
given by:°® 


V, = of B. 
Substituting Eq. (5) into (19): 
V, = w/o(LC)” = 1/(LC)*. 


(19) 


(20)° 
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For a transmission spring, considering also equations (7) 
and (10), this becomes 


Vig = 1/(1C ys)” = (@/4eR*) (E/p)” turns/sec. (21) 


E. Cutoff Frequency 


The wavelength of a signal transmitted along a spring is 
given by 


A= V,,/f turns/cycle. (23) 


With low frequency signals the wavelength is large compared 
to one turn of the spring. However, when frequency in- 
creases to the point where 4 — 4 turns per cycle, one turn of 
the spring, at a given instant, encompasses 90 degrees of 
the gycle. This means that the signal forces are increasing 
the helix radius of one turn while simultaneously decreasing 
that of the adjacent turn, as shown in Fig. 6. At higher 
frequencies the same forces try to operate within less than 
one turn, the motion is no longer purely torsional, and the 
above formulae no longer apply. As a result, the response 
falls off since the mode of transmission changes. 

The above explanation is borne out for the spring under 
consideration, since an inspection of the curves in Fig. 7 
shows the value to be approximately 4900 cps at the top of 
the cutoff knee, as predicted. 

If now the equivalent circuit of the spring in Fig. 3B is 
considered as a multiple section low-pass filter (instead of 
a distributed constant line), the cutoff frequency can be 
found by:!* 

fe, = 1/m (LC)” (24) 


and the torsional counterpart of this formula is 


fe,= 1/m (1, C,.)”, which occurs whenA=-7. (25) 


12 T. E. Shea, Transmission Networks and Wave Filters (Van Nos- 
trand, 1951), p. 291. 


For the subject spring system the value is: 
f., = 6220 cps. 


An inspection of the response curves shows how closely 
the experimental values agree with this. 

An interesting phenomenon is illustrated in Fig. 8. If in 
a rotational system a signal frequency gets extremely high, 
a mode change occurs as shown in Fig. 8B: the signal tends 
to revert to a compressive signal along the wire. The in- 
creased stiffness of the wire as compared to the spring se- 
verely limits the effectiveness of such transmission, and its 
signal velocity changes drastically. Similarly, in a com- 
pressive spring system, a very high frequency signal would 
revert to a torsional signal along the wire (Fig. £A). 


F. Magnet and Support Characteristics 


Frequency response in a transmission line is also affected 
by its terminating impedances. It thus becomes pertinent 
to examine the elements employed here. For this device the 
drive and pickup end are alike: a cylindrical magnet is 
fastened through its center to a straight wire which is tor- 
sionally compliant, as shown in Figure 3A. The compliance 
of the wire and the moment of inertia of the magnet mass 
therefore are elements in the terminating impedance of the 
line. Their values are determined as follows: 


1. Moment of Inertia of Magnet (Fig. 9): 
For a right circular cylinder, the moment of inertia about 
its axis is given by’” 


I= (ray pily)/2 (26) 


where a; = radius of the cylinder (cm), /; — length of the 
cylinder (cm), and p; = density of the material (gm/cm*). 
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turns) constant current; driver coil impedance: 2.3 2 @ 1 kc. 


FREQUENCY IN CYCLES PER SECOND 
Fic. 7. Frequency response of typical reverberation unit. Input conditions: 50.7 ma (3.4 amp 
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Fic. 8. Behavior of springs beyond cutoff frequency: (A) Com- 
pressional, (B) Torsional. 


If a concentric hole is made in the cylinder, of radius a*, 
and another cylinder inserted of the same radius, but of 
length /. and density pe, the net moment of inertia becomes 

I = (x/2) [(a*: —a*2) pil: + ate pole} (27) 
and the units are gram-cm”. 
2. Compliance of Support Wire: 
The stiffness of a straight wire in torsion is given by: 


s= (rat, G)/(2 ly) (28) 
where a,, — wire radius (cm), /,, = free length of wire 
(cm), G = shear modulus of the material; but, since 

Cr = compliance of wire = 1/S, (29) 
it follows that 
Cre = (2 be)/ (4 a*e G). (30) 


Here the resulting units are radians per dyne-centimeter. 
The significance of these values can be realized by inspect- 
ing the equivalent circuit (Fig. 3B) once more. Since the 
masses L,, and L,, by means of their moments of inertia, 
act as inductances in series, their cumulative effect is that 
of additional impedance at high frequencies. Thus mini- 
mizing these values will tend to promote better high fre- 
quency response. Similarly, since the compliances C,, and 
Cy are also series elements they tend to act together to 
limit low frequencies. 


G. Room Performance 


Now let us consider the behavior of an auditorium. First, 
the dimensions determine some range of time delays by 
reason of reflections from the walls. Second, these delays 
usually result in a standing wave pattern in terms of definite 
frequencies, and if these occur, the entire series of frequen- 
cies form an arithmetic progression in which adjacent values 
differ by sonie frequency Af. This differential frequency is 
a function of the room dimension, A, as shown in Fig. 10. 
It can thus be shown that for every set of large parallel sur- 
faces in a room there is a delay time determined by the 
length of time a signal takes to travel from wall to wall. If 
this time for room dimensions A is 74, then Af, is given by 


Afa =1/2T4, (31) 
and similarly for room dimension B, 
Afn = 1/2Ts. (32) 


a fo 
(A) P (B) 
Fic. 9. Moment of inertia diagram for magnets. 


If we take the velocity of sound in air to be approxi- 
mately 1100 ft per second, then this time delay (in seconds) 
experienced by a given signal travelling a distance D (in 
feet) becomes: 

T = D/1100. (33) 

Now if in one limiting case we assume the source and 
listener both a distance AA from the center of the “room,” 
and identify the distance D as the total travel of a signal 
from source to wall to listener, then, by symmetry, as in 
Fig. 10, when 64 approaches zero, 

D= [(A/2)-AA] + [(A/2) + 4A] =A (34) 
and therefore 
T,4 = A/1100. (35) 

In another case, let us consider a hallway in which source 
and listener are separated by a distance d, and the distance 
between walls is A, as before (Figure 11). If D, represents 
the distance a signal travels between source and listener, 
having undergone n reflections, then 


D, = (n* A? + d*)%, (36) 
from which it can be seen that as m increases, D, approaches 


DISTANCE D=($-4A)+(4+4A) =A 


Fic. 10. Sound reflections in a room (simplified diagram). 


a value equal to mA. Here again the time between signal 
arrivals at the listener’s ear approaches that of the delay 
caused by sound travelling the distance A, and formula (35) 
applies as a limiting condition. 


H. Frequency Response 


At this point, the significance of frequency response needs 
to be investigated. First of all it should be emphasized that 
a reverberation unit with its amplifier is not to be used alone 
per se. It is quite specifically an adjunct to the main ampli- 
fying channel or chanrels. The frequency response of an 
overall system which includes a reverberation device needs 
first to be observed without the reverberation device in use. 
Here the term “frequency response” has its usual meaning, 
in that the wider and flatter it is, in general, the better the 
system is regarded to be. Likewise, distortion can be meas- 
ured and examined in the light of accepted standards, etc. 
But with a reverberative channel, these terms take on dif- 
ferent significance. Here, as with the rooms mentioned 

(Continued on Page 324) p 


j | 
‘OR ue aie 
2 on 
eee Cee 
. uta Be 
ee is 
a 
5 a 
ae i 
ton YY, : 
| ) | et,” 
4 iS i 
Meee 4 
h, ae 
2h am 
; aoe ss 
n- ea 
: Ae 
a 
| ea 
pa 
a 
can: 
ce 
2 =e a 
Pot 
en ie cf £ | 
Ee a 
: Be 
— Be, 
ut 6s - = a 
i 4 Bet: ; 
6) = e , | ; 
| + ae 
i i 
= re 
4° Po ul Be 7 Fe 
ve = . 
): 
ee Ee: 
coe: 
a 
ey 
“ee 
: eae 
| s. 
aes 
— a 
ey) 
L t, 2a) : a 
) y 4 

. ae: 

50 Ine 
| os ah 
a 
ae 
a a 
ae 
a ‘; *s a ’ 
; Cie ar ae ae .- Saee 7 rah. <a = | ices 


* 
~ 


JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


OCTOBER 1961, VOLUME 9, NUMBER 4 


Design Considerations of Portable Transistorized 
Public Address Systems” 


Joet Jurret 


University Loudspeakers, Inc. Division, Ling-Temco-Vought, Inc., 
White Plains, New York 


An approach is outlined to the design of high performance transistorized public address systems, 
taking economic factors into account. A step-by-step procedure is given toward the design of a 
25-watt system which results in an over-all efficiency better than 75%. The design of a 5-watt 
system for use in a hand-held megaphone is also outlined. A method for control of acoustic feed- 


back is described. © 


WHY TRANSISTORIZED PUBLIC ADDRESS SYSTEMS? 


| hpi the era of the transistor, the application of public 
address systems was restricted to locations where there 
were convenient sources of power. The transistor opens up 
a vast new area of application of public address systems 
which heretofore could not be supplied by conventional 
means. These include the building industries; sports such 
as boating; fire fighting; outdoor electioneering, etc.; in 
short, any application where a gathering has to be addressed 
on short notice, not permitting the installation of a power 
source, or in locations where a power line is not normally or 
conveniently available. The inherently high efficiency of 
transistor circuits makes it possible to design fairly high 
power battery-operated public address systems in hand- 
carried or hand-held packages. 

The present paper deals with two such designs. One is a 
25-watt hand-carried public address system weighing 13 Ib 
including batteries. The other is a 5-watt hand-held mega- 
phone weighing only about 31% Ib, batteries included. 


GENERAL CONSIDERATIONS 


The major design objectives were to obtain maximum per- 
formance using a minimum of components, and to secure 


* Presented at 1960 Fall Convention of the Audio Engineering 
Society in New York and at 1961 Spring Convention in Los Angeles. 
t Now with Adler Electronics, New Rochelle, New York. 


greatest operating economy. How these objectives were met 
will be explained in the design analysis which follows. 

Let us consider, first, the 25-watt unit. While economy 
was one of the guiding principles in the design, this economy 
was to be achieved with no sacrifice in performance con- 
sistent with good public address practice. For maximum 
intelligibility, it is generally desirable to restrict the response 
of the system to a pass band of 400 to 6,000 cps. Distortion 
requirements are not too stringent and 10% distortion was 
considered permissible at full output. 

The gain of the amplifier is determined by the difference 
between the power level desired at the output and that pro- 
duced by the microphone. Since different microphones have 
different sensitivities, a choice of the type of microphone had 
to be made before proceeding with the design. 


CHOICE OF MICROPHONE 


In order to keep distortion to a minimum, carbon micro- 
phones were excluded. Crystal microphones were considered 
unsuitable for operation under adverse weather conditions. 
Ceramic microphones were not available with suitable mount- 
ing. The choice, therefore, was restricted to a dynamic or 
variable-reluctance magnetic type. A magnetic microphone 
was chosen which had a desirable response curve plus a high 
degree of resistance to shock and vibration. The rated out- 
put of this microphone is -50 dbm for a sound pressure of 
10 microbars. This is approximately the average sound 
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le 


=> S Ec 


Fic. 1. Simplified circuit of 25-watt portable P.A. system having 
13 lb total weight. 


pressure of a human voice close to the mouth. Peak pres- 
sures actually can reach levels 15-20 db higher than average 
sound pressure. Measurements on this microphone indi- 
cated that power levels of 2 mw (—33 dbm) can be obtained 
on speech peaks. If a power level of 25 w output (44 dbm) 
is to be reached, the amplifier must have a minimum gain of 
33 + 44 = 77 db. This amount of gain can be easily ob- 
tained in three stages of amplification and, with care in 
design, in two stages. It is not too difficult to obtain 40-50 
db gain in a low-level stage or even in a driver stage. The 
question, therefore, is: can the output stage supply the 
balance of at least 27 db gain? 


0B 
+5 


‘ _26 WATTS_ 
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2 30645 ©=«©7 «©1000 2 
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Fic. 2. Power output vs frequency of 25-watt system with constant 
power input. 
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OUTPUT STAGE 


The circuits most commonly used in an output stage are 
the grounded emitter and the grounded collector configura- 
tions. The grounded emitter circuit is capable of higher gain 
than any other circuit; however, matched transistors are 
usually required to minimize distortion. The grounded col- 
lector circuit, because of its inherent degeneration, does not 
usually require matching of transistors, but the gain is con- 
siderably below that of the grounded emitter circuit. From 
standpoint of gain, the grounded emitter circuit is preferable. 


0B 
+5 
o| 265.WATTS _ 
-5 rd 4 
1 
2 3485 7 600 S +3 F oe 
C.PS. 
Fic. 3. Maximum available power output using storage battery at 


maximum potential. 


The gain of the output stage is directly proportional to 
the value of load impedance and to the square of the forward- 
current gain A,,' at the peak operating current. For a given 
transistor and a given output power, an increase in supply 
voltage with a corresponding decrease in the current will 
resolve in a higher /,, as well as a higher output impedance. 
For maximum gain, it is therefore advantageous to work 
with as high a voltage as the transistor will permit. The 
higher voltage also results in higher over-all efficiency, as 
the losses due to internal transistor resistances are mini- 
mized. High voltage transistors, however, are relatively ex- 
pensive; therefore, some compromise has to be made be- 
tween transistor cost and operating voltage. A 24-volt sup- 
ply was found to be the highest voltage that is economically 
justified at present prices of power transistors. 
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Fic. 4. Distortion as a function of power output, with storage 
battery supply. 


With the power output P, and the supply voltage E, 
chosen, the required load impedance can be determined 
from the relationship R,, = 2E*,/P,. 


Pt 


anc 


B40 


oro = 
Fic. 5. Complete circuit of hand-held transistorized megaphone. 
Substituting values for the supply voltage and the power 
output, we obtain a load impedance of 46 ohms. This value 
of load impedance is so close to the impedance of 45 ohms 


generally available in P.A. loudspeakers that an output 
transformer can be dispensed with and dc power supplied 


1 Formerly known as £. 
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Fic. 6. Photograph of portable P.A. system. 


by means of a center-tapped choke coil. The output transis- 
tors can be made to feed the loudspeaker directly without 
transformation, (see Fig. 1). The physical size and cost of 
a choke are both much smaller than those of a transformer. 

The transistors selected for this application have an hy, 
spread of 50-100 at a collector current of 3 amp. At a peak 
current of 1.3 amp (peak operating current at the 25-watt 
level), the minimum /,, realized was estimated to be about 
75. The average base-to-base input impedance of the output 
stage was found to be about 200 ohms. With these design 
figures established, the minimum power gain for the grounded 
emitter stage can be calculated from the relationship, G = 
hy? (Ree/ Ry»). Substituting for h;,, R.- and Ry», we get 
G = 757 (45/200) = 1260, or about 31 db gain. This is 
the minimum gain which the grounded emitter output stage 
can be expected to have with the transistors chosen and the 
operating conditions just established. This would mean that 
in the worst case, the driver stage would have to produce 
approximately 46 db gain. This amount of gain can be 
realized in a driver stage without too much difficulty. If a 
common collector stage were to be used under the same con- 
ditions of supply voltage, only about 18 db gain could be 
obtained from the output stage, which would necessitate the 
use of two stages preceding it. 


THE DRIVER STAGE 


The driver stage must have sufficient gain and also supply 
sufficient power to drive the output stage to full output. In 
the case of the grounded emitter circuit, the maximum driv- 
ing power required under conditions of minimum fy, is 20 
mw. This amount of power can readily be obtained from a 
low-level transistor working in Class A. For the grounded 
collector circuit, the required driving power is about 400 
mw. In this case, a power transistor would be needed to 
meet the driving requirements of the output stage. This 
would result in higher initial cost of manufacture and de- 
creased operating economy because of the higher current 
drawn by the driver stage. While only a few milliamperes 
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of current are sufficient to fulfill the requirement of the 
driver in the grounded emitter circuit, some 50 ma would 
be required by the driver stage in the grounded collector 
circuit. Actually, we should design the driver stage for con- 
siderably more than 20 mw output power to insure clean 
driving power for the output stage. If we tentatively assume 
that the driver stage load impedance is 2000 ohms and its 
input impedance is 500 ohms, we find the minimum hy, re- 
quired for the driver stage to obtain 46 db gain would be 
(GR»/Ri)”% = [(4 X 10* & 500)/2000]% = 100. This 
can be obtained easily. 


THE COMPOSITE CIRCUIT; 25-WATT UNIT 


A simplified circuit of the amplifier is shown in Fig. 1. 
Starting with the output stage and working back to the in- 
put, we see that the output stage has a resistor in series with 
the emitter circuit to safeguard against thermal runaway. 
In addition, the bias supply for the output stage is obtained 
from a low-resistance, “stiff” voltage divider, using a ther- 
mistor T in the supply end of the divider circuit. This main- 
tains stable operation of the output stage under all tempera- 
ture conditions and maintains the quiescent current of the 
output stage at a low value, regardless of temperature, to 
conserve battery power. The driver stage is stabilized 
against variations due to temperature by means of a “stiff” 
voltage divider and a large emitter resistor. 

Several features were included in the amplifier to enhance 
its versatility. For example, a talk/listen switch was incor- 
porated which interchanges the connections to the micro- 
phone and the loudspeaker, to convert the system into a di- 
rectional listening device. 

An input transformer is used to raise the impedance of the 
input stage to approximately 20,000 ohms to accommodate 
high impedance inputs such as crystal or ceramic pickup, 
tuner, or tape head with fairly high impedance. The input 
jack is so arranged that it is possible to use the microphone 
while playing a recording; when the “talk” button is de- 
pressed, the level of the music program is reduced 6 db to 
permit the voice to be heard over the music; when the micro- 


Fic. 7. Photograph of hand-held power megaphone. 
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DESIGN CONSIDERATIONS OF PORTABLE TRANSISTORIZED PUBLIC ADDRESS SYSTEMS 


phone button is released, the music program is restored to 
the original level. 


The power supply consists of four standard lantern bat- 
teries which provide highest milliampere hours per dollar, 
and permit the use of a printed circuit contact plate which 
is so laid out that the batteries may be inserted in any posi- 
tion without regard to polarity. Also, contact spring fatigue 
is eliminated with lantern batteries in that a new set of 
springs is supplied with each new battery. 


PERFORMANCE SPECIFICATIONS 


Figure 2 shows the power response of the amplifier with 
constant input power. The 3 db down points are 350 and 
7,000 cps. 

Data on power capabilities was measured using a storage 
battery rather than dry cells, in order to show the perform- 
ance of the amplifier with the internal resistance of the bat- 
tery eliminated. Thus, Fig. 3 shows the maximum available 
power output to be 261% watts, slightly more than is realiz- 
able with dry cells. 

Figure 4 shows the distortion characteristic. Distortion 
remains fairly low up to 20 watts, reaching a maximum level 
of 10% at 25 watts. 

The sound pressure level at a distance of 100 feet is 97 db 
above .0002 microbar. The angle of dispersion is 120°. 


Quiescent current: approximately 70 ma. Average cur- 
rent: approximately 180 ma. Peak current under speech 
peak input conditions: 1.3 amp. Over-all circuit efficiency, 
including power consumed by driver and voltage dividers: 
better than 75%. The estimated battery lifetime is about 
50 hours of actual talking time. 


THE 5-WATT UNIT 


A similar approach was followed in the design of the 
5-watt unit. Figure 5 shows the complete circuit. A supply 
source of 13.4 v is used to power the amplifier, consisting of 
10 mercury cells. To obtain 5 w output with this supply 
voltage, a load impedance of 72 ohms is required. This is 
obtained by stepping up the 45-ohm loudspeaker to 72 ohms 
by means of an autotransformer. This unit, too, has an 
emitter resistor for stabilization against thermal runaway 
and a thermistor-stabilized bias supply circuit to keep the 
quiescent current low under all temperature conditions. 
Good stabilization is also provided in the driver circuit by 
means of a large emitter resistor. A decoupling network is 
used in the driver bias supply to minimize distortion due to 
power supply impedance. 

The microphone is a variable-reluctance magnetic type, 
having an impedance of 1000 ohms. The volume control 
circuit is so proportioned as to keep the load upon the mi- 
crophone constant at all settings of the volume control. 
This insures that the microphone response curve will not 
change as the volume control setting is changed. 

The battery compartment is designed to accommodate 
either mercury or penlite cells. 

In the design of integrated, hand-held paging units, acous- 
tic feedback from the loudspeaker to microphone has to be 
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carefully controlled. Resilient mounting of the two trans- 
ducers is usually not sufficient. The over-all response of the 
system from microphone to loudspeaker output has to be 
carefully controlled to avoid any peaks which would give 
rise to feedback. Both of these methods were applied to the 
design of the 5-watt power pager. Both microphone and 
loudspeaker are mounted in a resilient manner. The micro- 
phone response was tailored to complement the response of 
the loudspeaker so as to insure uniform, peak-free acoustic 
gain in the pass-band of the system. 


PERFORMANCE DATA 
With 6 carbon-zinc penlite cells (9 v): 


Quiescent current: 20ma 
Average current: 60 ma 
Peak current: 320 ma 
Power output: 2.0w 


Sound pressure output at 100 ft.: 89 db above .0002 microbar 
With 10 mercury cells (13.4 v): : 


Quiescent current: 35 ma 
Average current: 100ma 
Peak current: 500 ma 


Power output: 5.0 w (10 w peak) 
Sound pressure output at 100 ft.: 92 db above .0002 microbar 


Figure 7 shows a photo of the 25-watt system. 
Figure 8 shows a photo of the 5-watt system. 
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IW LL EEG peo-loss EAUALIZERS - FILTERS: re 
o#er the recording industry a unique standard of accuracy and fidelity—in shaping equalization curves—in boosting or —— 


end-range frequencies without muddying-up the mid-range—in eliminating distortion caused by inferior equipment — 
—— oe PULTEC instruments areavailable at 


PROGRAM EQUALIZER, 
Model EQP-1A 


Widest range of equalization curves. Self-powered, with 
choice of input and load impedances. Clickless controls. 
Separate boost-attenuate controls permit boosting high 
frequency while attenuating on a 10KC shelf curve. $475.00 


PROGRAM EQUALIZER, Model EQH-2 


Passive network feeds through amplifier to restore loss. 
Permits boosting or attenuating extreme end-frequencies 
with complete clarity in the mid-range. Continuously 

’ 5 " variable controls vary equalization curve even on 

PATtc pmognats COuMiEE® CH? sustained tones without noise or distortion. $330.00 


PROGRAM and SOUND EFFECTS FILTER, 
Model HLF-3C 


Extreme sharp cut-off makes it possible to eliminate hiss, 
rumble and hum with minimum effect on desired 
frequencies. Ideal for the creation of special effects: 
telephone, “outer space” and so forth. Key switch permits 
accurate cue-ing. $296.00 


MICROPHONE and BOOSTER AMPLIFIER, 
Model MB-1 


Most versatile instrument of its kind. Provides gain from 

28 to 48 db. Noise level 120 dbm down. Ideal as a mike 
amplifier, for restoring mixer losses, and so forth. Self- 
powered, with choice of input and load impedances. $178.00 


“MAVEC” MICROPHONE AMPLIFIER 
and VARIABLE EQUALIZER 


Equalizes individual mike channel. Corrects for all 
program deficiencies. 30 to 40 db overall gain. Specially 
effective in controlling vocal sibilance. Choice of 
input and load impedances. $395.00 


tess the diteionce 1S K./E MES con mate. vie too EX LMNT BE'W Preteestosat’ sheoeen 
Os send us any unequalized tape recording, and we will duplicate it through PULTEC a. 


HARW EY szavio co., INC. 


103 West 43 Street, New York 36, N.Y. / 1Block am Times Square / . JUdson 2-6380 


Be sure to mention the JouRNAL in replying to our advertisers. 


— a 7) = = 
: - . a = 
eee or 
ee 
295 ea 
‘i ft: 
; ' 
aa 
. eg 
ae ae en 7 ae eS Pop ee Oe ec 1 ae ee” eee 
ee fn Bie i a : ae 
\ “he ay ~ 3g ee a ye kee he mae ity 4h . os ae 
- he . a” Met Re ee || ln fie aid : - a 
= x . “ et ea ar ae es a. abe . +- ee 
a a ele ae, 
: Ee Ds ; ; . 4 ola he igen a 
J | d thi .. oe 
. = | | and everything to gain! =~ a 
7 ae . = ts ‘ : F 3S a a ee 
. ¥ : - es See ae le ae Ce as “abi eo ae F 
% a a ms. # rf Pols samaeer yo)? hhsee Us: Bt: ae >  : bet ies * at. “i 
ers Tue a Ag eee = ee cr. eS ae ; Fp 
; re en i 2+ ee ar ce c 2 2 ae 
he els Rid eae. 2 5 “ea 
a5 * 
ng ae. 
ro & 
ct | “i 
ec mommies _ | a ie ace cae 5. ee 
ee : 7 Be ; ae 
+. oe 
. eae 
im ; wow? r res oe ae 
bs ". of e ate ate 0.” = al ee 
ie a nad gt & Pla ... i oe eg 
ig ee ta eben aT oy ct a tie 
} PATS Ss aoe + = “- ee |. ng 
at * | ei ri Z ks. 
> ae ee eat ee “ 4 J 
' cb. ee . € 2 ~ 
Tao . & a 
aes 2 ral ron } Ser... 
~) ae < ba ae Fa io #4 
7%. 7 4 i, b _ ae " a we ~ BE rae 
; ‘ 4 pet _ n | a. : og 
* 408 fe ener eee or tener - if ae 
ee 
. TH..t- 17. , CT I ee 
ee sa pe 
o | a re a 
ee “uo 
rf ‘ - soothe 
. | : a ry w 
ah 
ee 
e os “s = ‘aay am 
os oe boy y y ‘ ie « * ne 
. i pe eee fy ne it aA nS ae 
= P73 ._ =A i . 
1 ee * — Po, . cee 
i : Low cut -orF wan cur orf n iG, ee 
PUTER PETER MF 3 “= ke 
“oe ah 
. a 
a $ en. oe: 
- . + ar “* 
: Mee ae ee Oke a ee Saag 
oe 4 P Seat ey ‘ ae Ce 
oo sae cr . +, es oe 
= Te mm ot . ; = os i 
Oa ee 
nee eS a ae 
2 ¥ 3s a 
% ae ow 
; e ~~ & = ee 
op Nae Mi mes, es” ee a Sal 
/ ed 0 , 4} ria: SOY OO Oe. SaaS ~ SR 7 
sign Pos 
. tee 
AEA a oa ad OS, eee a a ee eee ee. oi ge a ‘4 
om a ca a sf 
The Harvey Professional ag 
___| ~ 
Showroom contains the ae 
1s 
latest and best of profes- a 
a ar’ 
Set eb? 
ee ees 2 ty & 
<i . Pepsi: 
r % “ m em m 72 Pe paats,* 
rs BE a 
ee * 
SCS “ge 
i a, 
eo 
.? ®t 
et 
. yeye | 
ae 
a ae * oe te a = a =" a ¢ 


296 


(Continued from Page 257) 
passed through the coil of the cross-field structure. Because 
of the form of this structure the perpendicular components 
in the recording regions are out of phase, as is true also in 
a long-gap recording field. 

The addition of a perpendicular field component con- 
sistently shifts the minima of the recording characteristic 
to higher frequencies for one polarity and to lower fre- 
quencies for the other polarity. All of the observed re- 
sults can be understood qualitatively in terms of the linear 
analysis used by Nottebohm, as will now be shown. It 
should be emphasized that the analysis is only qualitative, 
and that no rigorous analysis is available which will ade- 
quately describe the non-linear behavior of a magnetic 
material subjected to multiple magnetizing fields, particu- 
larly when these fields contain independently-varying com- 
ponents at right angles to each other. 

We will suppose, therefore, that the perpendicular and 
longitudinal components of the recording fields act inde- 
pendently, and that the effects of the two recording regions 
acting successively on the tape can be superposed linearly. 
We further suppose that the magnetization in the tape re- 
sulting from passage through a recording region is of the 
form M = M, cos (27x/d) for both longitudinal and perpen- 
dicular fields. In accordance with these suppositions and 
with Westmijze’s'’ expressions for the flux linking the coil 
of a high-permeability playback head, we may write 


OM, = A cos (24x/r) + Boos (2%/d) (x + 1) 
—, = C sin (24x/A) + Dsin (22/dA) (x +1). 


@,, is the flux linking the playback coil due to longitudinal 
magnetization in the tape, and @, is the flux due to perpen- 
dicular magnetization in the tape. Distance along the tape 
is designated by x, and / is the separation of the two record- 
ing regions. Sine terms are used for @, because this flux in 
the head core is 90° out of phase with the perpendicular 
induction on the tape. A and C represent the magnitude of 
the inductions resulting from passage through the first re- 
cording region. B and D are the corresponding magnitudes 
for the second region. The total flux through the playback 
coil is 


(1) 


9= 9. + D,. (2) 
The voltage induced at the playback head terminals is 
e = -K (dQ/dt) = -Kv (dQ/dx), (3) 


where K is a proportionality constant. After combining Eqs. 
(1), (2) and (3), and making a trigonometric transforma- 
tion, the output voltage becomes 


e=2nrK/d 
{{A + B cos (2l/A) + D sin (22l/d) | sin (27x/d) 
—[C + Doos (2nl/A) — B sin (22l/d) | cos (24x/d) }. 


(4) 


10W. K. Westmijze, “Studies on Magnetic Recording, Part III,” 
Philips Research Rept: 8, 245-269 (1953). 


A STUDY OF INTERFERENCE EFFECTS IN MAGNETIC RECORDING 


The mean-square output voltage is 
€? = (2nK/x)?*. (5) 
[A? + B? + C?+ D?+ 2 (AB+ CD) 
cos (2nl/A) + 2 (AD- BC) sin (2xl/A)}. 


When the relative magnitudes of the parameters A, B, C 
and D are known, Eq. (5) may be used to compute the 
record-playback characteristic. In the simplest case of 
only one recording region and only a longitudinal field, 
B=CtC=2=6 a 


€ = 2nKA/d = 2a fKA/v. 


This is the expected uniform response having a rising 6 db- 
per-octave slope. 


When two recording regions having equal and in-phase 
longitudinal field components but no perpendicular compo- 
nents are used, A = B and C= D= 0. In this case 


e? = 2A? (2xK/A)? [1 + cos (2nl/a)]. 


Minima in the response occur when //A = 1/2, 3/2, 5/2..., 
that is, when (//v) * f, = (m—0.5) as was observed experi- 
mentally. For the out-of-phase condition A = —B, and 


e? = 2A? (2xK/d)* [1 —cos (22l/A) ]}. 


Minima occur in this case (omitting the case for 4 =) 
when //A = 1, 2, 3,...., or (l/v) *f, =, again the ob- 
served result. 


For the case of in-phase longitudinal components and per- 
pendicular components having magnitudes equal to the longi- 
tudinal components, A = B = C = —D. The sign of one 
of the perpendicular components must be negative because 
these components are out of phase in the two recording re- 
gions, both in an actual long-gap recording field and in the 
simulated experiment. Now 


e? = 2A? (2nK/d)? [1 —sin (2xl/d) ]. 


Minima occur for (//v) * f, = (n—0.75). When the phases 
of the perpendicular components are reversed, A = B = -C 
= D, and 


e? = 2A? (2eK/A)* [1 + sin (2al/d)]. 
Minima occur for (//v) + f, = (m—0.25). 


If we take perpendicular components having magnitudes 
equal to 20 percent of those of the longitudinal components 
we find minima occurring for (//v) +f, = (mn —0.55) for one 
phase of the perpendicular components and (//v) + f,= 
(n—0.45) for the other phase. : 


CONCLUSIONS 


The analysis and experimental results of the preceding 
section indicate that the addition of a perpendicular compo- 
nent to the fields of the two recording regions will cause the 


( Continued on Page 300) 
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to \retu rnto his 


ANION 


stereo fluxvalve pickup. 


PICKERING & COMPANY INC. offers the stereo fluxvalve pickup in the following models: the 
Calibration Standard 381, the Collector's Series 380, the Pro-Standard Mark Il and the Stereo 90. 
Priced from $16.50 to $60.00, available at audio specialists everywhere. 


“FOR THOSE WHO CAN HEAR THE Ae & = © RD me ie 


Pickering and Company-—Piai » Long Istand, New York 


Be sure to mention the JoURNAL in replying to our advertisers. 
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ALNICUS...broadems the * 4 
scope of magnet use for 
the Military and all industries. 
, For example—with commercially 
*s produced ALNICUS it is now 
oe possible to have higher magnetic 
energy with no increase in unit size or 
weight...or, retain the same magnetic 
energy with a smaller, lighter unit. 


PePPR ER I Fea 


ALNICUS is a new kind of permanent 
magnet material that affords the 
design engineer in modern industry 
the widest latitude and greatest 
flexibility because—it is commercially 
produced ...it has the highest 
magnetic power ever...it is not 
limited to plugs, rectangles or other 
rismatic shapes. In plain truth— 
ALNICUS makes it possible to 
commercially produce permanent 
magnets with the highest energy level ; 
po rp in virtually any size For complete information— 
pe Luna Address inquiries to Dept. J10 
configurations! on your company letterhead. 


MAGNETIC MATERIALS DIVISION 
U.S. MAGNET & ALLOY CORPORATION 266 Glenwood Avenue, Bloomfield, N. J. 
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The highest energy level permanent 
magnet is now available for 


Loudspeaker Applications. 
| ALNICUS Grade USM75—with 
its nominal energy product of 


being commercially produced in 
full production schedules. It is now 
possible to realize almost off-the-shelf 


7,500,000 guass-oersteds—is now 


deliveries. 


The macro-photographs below are 


unretouched, they illustrate the 


remarkable differences in the 

| Ch actual grain structure of 
halved plug magnets. On 

the left is ALNICUS Grade 
USM75 and on the right 


ordinary Alnico V-DG. 


fe ne ee pe 


Unretouched photo of a cross section of an Unretouched photo of a cross section of an Alnico 

ALNICUS grade USM-75 magnet. Note 100% V-DG magnet which does not have 100% pene- 

penetration and directional grain over entire tration or direction of grain over the entire cross 

cross section. Grain has completely penetrated section. Grain bounderies resulting from only M- 
the casting in a uniform direction with virtually partial penetration cause losses in the energy ae 
no grain bounderies to effect losses in the energy product level. A | 


product level. 


MAGNETIC MATERIALS DIVISION 


U.S. MAGNET & ALLOY CORP., 266 Glenwood Avenue, Bloomfield, N.J. 
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(Continued from Page 296) 

minima found in the recording characteristic to be shifted 
toward either higher or lower frequencies depending on the 
phase of the perpendicular component. Furthermore, it ap- 
pears that the perpendicular components actually present in 
long-gap fields have magnitudes sufficient to account for the 
observed results. While the precise description of the be- 
havior of each element of tape during the complex recording 
process is concealed in the non-linear characteristics of the 
magnetic material, we can conclude that the irregularities 
observed in the long-gap characteristics can be explained 
satisfactorily as being an interference effect due to the action 
of two distinct recording regions. Also, under certain con- 
ditions the perpendicular component of the recording field 
can contribute significantly to the recording process. 

Under the more usual recording conditions with a rela- 
tively short gap and higher bias levels the interference effects 
cannot occur and, also, the perpendicular field component is 
small compared to the longitudinal component, so that the 
recorded induction is almost entirely longitudinal. However, 
when recording very short wavelengths it has been found ad- 
vantageous to deliberately add a perpendicular field to the 
usual gap field, as in cross-field recording."'"* By a careful 
adjustment of the strengths of the two superimposed fields 
the resultant field on the trailing side of the recording region 


A STUDY OF INTERFERENCE EFFECTS IN MAGNETIC RECORDING 


may be given a steeper gradient than can be achieved with 
either field alone. It is well known that a steep gradient is 
necessary for effective recording of short-wavelength signals, 
The cross-field also adds a perpendicular component to the 
recorded induction in the tape, and this may enhance the 
short-wavelength performance by reducing self-demagnetiza- 
tion. The short, magnetized segments comprising the re- 
corded signal may now have lengths approaching the thick- 
ness of the tape coating, whereas in the case of pure longi- 
tudinal recording their lengths would be approximately equal 
to only the half wavelength of the recorded signal. More- 
over, since a larger volume of magnetic material ‘now carries 
the recorded information, a larger field external to the tape 
will be available to yield a larger output signal in playback. 

The recording interference effects which are the subject of 
this study have not, as yet, found any direct practical appli- 
cation. However, in endeavoring to explain the phenomenon 
a number of investigators have been led to make contribu- 
tions to our understanding of the basic processes involved in 
magnetic recording, and thus to advance recording tech- 
nology in areas of practical interest. 


11 Marvin Camras, “A New Magnetic Recording “Head,” J. Soc. 
Motion Picture Television Engrs. 58, 61 (1952). : 

12 Marvin Camras, “Compatible Cartridges for Magnetic Tapes,” 
IRE Trans. on Audio, AU-8, 178 (Sept.-Oct., 1960). 
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Proof! From the pages of the leading news magazines MMe 
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In a thorough page-by-page, picture-by-picture analysis of the 1960 issues of Life, Time, Newsweek 
and U.S. News & World Report, Electro-Voice microphones were photographed 

at major news events more often than the next four brands combined. 

87.3 per cent more often than any other single brand! 


This survey is dramatic proof that throughout the world, 
TV, radio, newsreel and professional sound engineers depend 
on E-V quality and reliability. This clear-cut superiority 

will be yours when you choose your next microphone from 
the world’s most complete line — Electro-Voice. 


For full information on how E-V microphones can help you 
solve your most difficult sound pickup problems, write 

for our free, fact-filled catalog and the name of your 

nearby Electro-Voice microphone headquarters. 


@ @ 
ELECTRO-VOICE, INC., Commercial Products Division, Dept. 1011AE, Buchanan, Michigan Slecho Voice 
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that would fit over the pin usually present in the hub area) 
we were able to achieve a considerable change in the tape 
path at the moment the end of the tape was reached. It will 
be noted that at this moment the tape swings over (dotted 
lines in Fig. 2) and actuates the switch, which in turn 
energizes several relays. These relays reverse the direction 
of the capstan motor. Simultaneously they provide the cor- 
rect torque characteristics necessary for the reverse direction 
operation and switch in the proper playback head. The use 
of a mechanically actuated end-of-tape sensing device pro- 
vides a few added benefits. If for one reason or another the 
user does not wish the tape to automatically reverse, he has 
nothing more to do than remove the loop from the pin in 
the reel. The machine will now function as a normal tape 
recorder. If for any reason during the course of playing a 


a Va. 
YH 


/ 
‘/ —LEADER LENGTH SHOULD EXTEND 
/ : BEYOND CAPSTAN ASSEMBLY 


{ 


ae. ; 
SPLICE czy a TAPE 


A preferred method of retaining the tape to its reel. 


Fic. 3. 


tape in the forward direction it should be desired to go im- 
mediately in the reverse direction, it is a simple matter to 
accomplish this by a slight touch of the finger on ‘the switch. 
This situation might be encountered when searching for a 
particular selection on a multiple-recording tape. When the 
machine is placed in the stop mode the capstan immediately 
switches to its normal forward direction of rotation. In this 
way one never has to guess in which direction the tape will 
travel when starting from the stop mode. 


The advantages of a machine able to provide continuous 
play of 1/4-track stereo tapes are many. The tape playback 
machine may now be used to provide greater unattended 
playing time. This is a desirable feature when the machine 
is used to provide background music in the home. The user 
can also record special tapes at 334 ips to provide an even 
longer playing time. A second advantage, important to the 
serious music listener, is the ability to enjoy in virtually un- 
interrupted fashion those works that require the use of both 
the forward and reverse tracks for their completion, thus 
preserving the originally intended continuity. Another 
modification is available which will permit the model under 
discussion to be used at a tape speed of 1% ips. This of 
course would be desirable only when using the tape player 
as a source of low-level background music. Incidentally, if 
the reversing mechanism were to be installed at both ends 
of the tape path and a stepping switch were used to sequence 
the tracks, a total of 12 hours of program material could be 
played back from four-track monaural tapes without repeti- 
tion when using 1-mil Mylar tape. 

The mechanism described has been so successful that we 
recommend that other recorder manufacturers add bi-direc- 
tional playback capabilities to their present equipment. 

The success of the bi-directional player is in part due to 
the fact that the major producers of prerecorded tapes have, 
in most instances, seen fit to closely align the end of the 
program material in the forward direction with the begin- 
ning of the program material in the reverse direction. We 
hope that this may become an industry standard. 


ARNE BERG 

Arne Berg was born in Chicago, Illinois in 1930. After at- 
tending Chicago schocls, and with an interest in audio record- 
ing and reproduction, he joined the Webster-Chicago Corpo- 
ration where for six years his work included electronics, me- 
chanical repair, test equipment maintenance, quality control 
and engineering. Mr. Berg holds a joint patent assigned to the 
company. Mr. Berg was later employed by Boom Electric 
where he was instrumental in the installation and maintenance 
of the automated Muzak tape studio. 

In 1956 he moved to the West Coast where he was an elec- 
tronics engineer in the Audio and Recordata Divisions of Amer- 
ican Electronics, Inc. 

Mr. Berg is presently employed by American Concertone, 
Inc., as an audio engineer. 

He is a member of the Audio Engineering Society. 


THE AUTHORS 


KENNETH WILLIAMSON 

Kenneth Williamson was born in Nebraska in 1929 and joined 
the Technicolor Motion Picture Corporation in 1947 where his 
duties included setting color technics and checking sound 
tracks both visually and aurally. 

In 1956 Mr. Williamson moved to the Engineering Depart- 
ment of American Electronics, Inc., Audio & Recordata Divi- 
sions and became Chief Application Engineer of the "ata- 
Tronics Division in 1957. In 1958 he joined the Application 
Engineering Staff of Benson-Lehner Corporation as Technical 
Coordinator. 

Mr. Williamson is presently Chief Application Engineer of 
American Concertone, Inc., in the Military/Industrial Magnetic 
Tape Recorder section. 

He is a member of the Audio Engineering Society and the 
Instrument Society of America. 
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When the problem is to create conditions of reverberation 
...or overcome the effect of time lag 

in order to maintain the illusion of direction 

...or reinforce sound in problem areas 

...or eliminate “echo” effects— 


The Norelco Model EL 6911 magnetic tape delay 
device offers the engineer unparalleled flexibility of 
control with these nine major features: 


@ Playback heads adjustable to 15- and 

30-millisecond intervals (maximum delay, 900 ms) 

@Up to 8 delayed repetitions of an input signal 
Olndividual control of each of 4 output channels 

@ Local or remote control of reverberation effect 

© Separate bass and treble controls 

@ Microphone and line level inputs 

@ Local or remote tape motion control 

@ Extended tape life—approximately 100 hours per 50” loop 
© Selective monitoring and adjustment 


For more information and. descriptive literature write: 


NORTH AMERICAN PHILIPS COMPANY, INC., 230 Duffy Ave., Hicksville LI., N.Y. 


High Fidelity Products Division * ‘Commercial Sound Department 


giant step forward wm... 
REVERBERATION | 
and DELAY 
EQUIPMENT 


"Norelco 


TECHNICAL DATA 


Sensitivity Source Impedance 
id site Seaenvaaudewsbes 2mv 0-100,000 ohms 
With transformer EL 6805................. 9mvV 30-80 ohms 
Dh thie siabentdineh’s wake 115V 0-100,000 ohms 
PE cons tdeheced datadeee cbened weceneeeeueee 30”/sec 
Sa rhveudstcWereccesenestdcecdsndstndeens 50” 
ER ona swhnascivertcedadsiveaienateesd 1.55V 
iL i TTT 4V 
ED rat wtdtcde st babundecisatekssviwhetauen 500 ohms 
Output attenuator... ........... 5 steps of 6 db, viz. 1.55 V — 0.775 V 
— 0.338 V — 0.194 V — 0.092 V — 0.046 V 
PE. 50a 8 cedeedGawered adnw ends Coes wee max 3% 
ES ee ee AER better than —50 db 
56th cei ae ewe eee 6 tees better than 0.3% rms 
Minimum delay between 2 heads... ... 2.0.0.2... eee eee 30 milliseconds 
Maximum delay between recording 
and last reproducing heads... «2... ccc ccceeneee 900 milliseconds 
Remote potentiometer for reverberation control... ................. 500 ohms 
 svactestacces ae 110 — 125 — 145 — 200 — 220 — 245 V 
50 or 60 cycles 
ED 6:00cassscknabensecawaveweseedteushouss 100 W 
DE oss aca Wetuharssnanes bonne aekenenenvehien 15%” 
SE a6 skh bon tndiecdaSnuelesesscthweeebeuaeel 60 Ibs. 


THE OETTMANN ARCHIVE 
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HEY, HOW MANY HANDS 
DO YOU THINK | HAVE? 


We guess this is a cry that has been heard 
in many a control room throughout the 
world—and, it is usually accompanied by a 
cold blooded look in the eye of the record- 
ing or broadcast engineer. 


At this year’s Audio Engineering Society Professional 
Exhibit, FAIRCHILD will introduce THE THIRD HAND . 
—an automatic device that we believe will eliminate 
biood-curdling yells in the future, and more im- 
portant, improve operations and overall sound. 


THE THIRD HAND is just part of the expanded 
FAIRCHILD Professional Product line to be unveiled 
this October at the Convention. Other new products 
will include a BELT-DRIVEN PROFESSIONAL TURN- 
TABLE for the future demands of stereo broadcasting. 
Add to this a new distortion-free COMPRESSOR, plus 
some other special audio products we have up our 
sleeve, and we think you will agree that FAIRCHILD 
has seized the leadership in developing NEW, 
UNIQUE and NEEDED products for the professional 
audio engineer and the industry he serves. 


We hope to see you at BOOTH 23—in the Exhibit 
at the Convention. However, if this is not possible 
we would like to tell you about these new products 
and our other equipment which has already become 
stondard in the industry. Simply fill in and return 
the coupon at the bottom of the page and we will 
send you complete specifications for your review 
and consideration. 


HARALD BODE 


(Continued from Page 269) 


just a few years ago only professionals could or had to 
afford an electronic organ, the home market now starts to 
open its doors. Thus it has been possible for one manu- 
facturer to increase his output of various types of electronic 
organs to 200 a month, a fact that five years ago would 
have seemed impossible. Some of the best-selling instru- 
ments in the lower price class, incidentally, remind us very 
much of U. S. models with sharing oscillators. Generally 
speaking, no major surprises are being Gum from a per- 
formance standpoint. 

The manufacturing of electronic music instruments in 
Europe is still very inefficient as compared with U. S. stand- 
ards, but this can be explained by the different labor vs 
material cost ratio, which justifies hand labor—especially at 
the comparatively low production output—where otherwise 
mechanization would be required. 


It appears that in spite of the different musical tastes of 
the public in Europe and in the U. S. future design trends 
will not differ as drastically, and that the European public 
(aside from a few exceptions) will accept performance 
standards in the home and entertainment field which are 
close to those of domestic instrument design. . 


Please send FAIRCHILD Professional Product 
literature. 


Company 


FAIRCHILD RECORDING EQUIPMENT CORP. 
10-40 45 Avenue, pais Island City 1, New York! 


THE AUTHOR 


Harald Bode was born in Hamburg, Germany and graduated 
from the University of Hamburg in 1934. He continued his 
education at the Heinrich Hertz Institute of the Technische 

’ Hochschule, Berlin. 

After the Institute, Mr. Bode specialized in the field of elec- 
tronic music and originated a variety of new instrument de- 
signs. He then spent six years in the field of military electronics 
at Loewe-Opta in Berlin where he was in charge of several re- 
search groups. After World War II he pioneered in the com- 
mercial production of electronic organs in Germany. 

Mr. Bode came to the United States in 1954 and joined the 
Estey Organ Corporation in Brattleboro, Vermont as a chief 
engineer and later transferred to Torrance, California. Before 
joining the Wurlitzer Company in 1960, where he is currently 
employed, Mr. Bode conducted his own research activities in 
the field of special sound producing devices. 

He has written in a variety of publications in the fields of 
audio and electronic music instrument design and holds a num- 
ber of patents in the United States, Canada, and in several 
‘European countries. 
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JAIRCHILD Professional Products 


MODEL 641 STEREO CUTTER SYSTEM 


The first cutterhead designed especially for cutt 

45/45 stereo discs. Not a compromise d n. an 

An excellent —— | cutter, the Fairehild 641 also 

doubles as a lateral cutter capable of cutting high- 

level, high-quality monophonic discs. 

Construction features an armature made in one 
jece of aluminum and magnesium; high tempera- 


ure windings and impregnation assures high reli- 

~ ability. Nothing to just, burn out, or go out of 

order. This is the first cutter system using modern, 

all-ceramic output tubes in two rugged, high-power 

642 Cutterhead —s built on a single chassis. Operation is 
entirely in Class A with minimum distortion, yet 


pte of delivering 2000 watts peak power for good transient response. Unique 
RF feedback circuit minimizes distortion and provides an accurate off-the-head 
pA — system with line level output. 


SPECIFICATIONS 
8. Input Level Requirements: —5 dbm to +15 dbm 


Input Impedance: 600 oh 
for standard recording level Frequency Response: +2 db, 20-15,000 eps each 


channel 


60 cm 


A radical departure from the classical limiter 
design; characterized by the complete absence 


Less than 0.15%, 14 ke and 14.05 me. 


both at an om/sec. Harmen nic Distortion: Less than 0.5% ‘at 14 em/sec, 1-15 
and at 2 mil ampltade (30-1,000 cps). Maximum Cutting Level: Better than 
Channet-to-Channe! Separa- 


© 5 ke, and 30 em/sec above 5 ke. 


pt 
tion: Better than 20 db 


EES, Set oe ener emcee agg EFF 


of audible thumps, distortion and noise. An- 
other feature is its extreme stability over long 
periods of time. 


The Fairchild Model 670 may be operated either 
as two independent limiters or as a vertical- 
lateral component limiter. Function change 
made by the flick of a switch. The complete 
unit is enclosed within 14 inches of rack space. 


A special feature of the unit is its ability to 
produce full limiting effect during the first 

10, of a second (unlike conventional 
limiters that pass short transients due to their 
slowness of attack). 


= 


5 


Front View 


SPECIFICATIONS 
+18 dbm ono (no limiting). Less than 1% at 10 db limiting 


(i 


Impedance: 600 ohms each channel. 

Output Impedance: 600 ohms each channel. 

imput Level Range: 0 dbm to +16 py Gain: 7 db. 

Frequency Response: +1 dl, 40-15,000 oe 

‘ —~e 60 db, A- B »osition; 40 db, Vertical-Lateral position. 
Time: Adjustable 0.3 to P4 seconds in 6 positions. 

M or Harmonic Distortion: than 1% at any level up to 


MODELS 600 AND 602 CONAX 


new concept in limiting devices, copenaiy developed for use in 
svstems with treble pre-emphasis such dise recording and 
FM/TV sound transmission. Its action ‘> instantaneous and 
inaudible for most program material; allows 4 to 6 db higher cut- 
tings or transmitting levels. Also effective in tape and optical 
recording. we Impedance: 600/150 ohms each ee 1. Output 
Impedance: 600 i ohms each channel. Input Level Range: 
—2 VU to +10 V Frequency is 000 cps, below 
filter threshold pa. ation: Better than 45 db. Harmonic Dis- 
tortion: Less than 1% at +18 dbm, below filter threshold. Filter 

id: Adjustable in six steps. 7 500 
Fairchild Model 602 Stereo Conax— Net Each... 


Fairchild Model 600 Single Channel Conax—Net... $330.00 
Fairchild Model 600A Single Channel Conax—Opticr! recordine. 
PEE Ces nF E xtc rkevedessovsckeckusseesssacee -$330.00 
Fairchild Model 601 Single Channel Conax—For mixing stages; 
40 db gain. Net Each.........cccccccccesccscccess $375.00 


MODEL 605 STEREO-EQUALIZED PREAMPLIFIER 


Designed 4s a calibration tool; compact, complete stereo preampli- 
fier for dise playback systems. About the size of a passive equalizer, 
it fits in the turntable cabinet top. Two types of input: Trans- 
former with 3 different impedances, and grid directly. Selector 
switch for stereo or monophonic with 3 equalizations each; line 
level —: two treble response adjustments for each channel and 
* 10 db level adjustment. Input impedances: 600, 150, 37.5 and 
47,000 ohms. Output Impedance: 600/150 ohms. Frequency 
mse: Deviation from specified curves «1 db, 30-15,000 eps. 
T : = 10 db at 15 ke. Equivatent Noise: — 120 dbm 
for transformer input; —110 dbm for grid input. Harmenic 
tertion: Better than 1% at +18 dbm. Equalization: Flat, RIAA 
and Roll-Off. 
Fairchi 


BORE Ms 6 vs Se nduvcecsevneed90eeeeenssegeasese 


+12 dbm outpu 


MODEL 680 POWER AMPLIFIER 

8 saver among power amplifiers delivers 200 watts peak power 
in 5%” rack space. Excellent as a monitor amplifier or cutting 
amplifier: or, in any other audio application. Front panel meter 
and pushbuttons for AC and DC balancing. Two types of input: 
Transformer and grid directly. Floating output circuit. Input 
Level Requirements: — 25 dbm for 10 w. output (680-1); 0.4 v. for 
10-watt output (680-2). Out: - mee: 8 and 56 cha: ‘es 4 
imovedances on special order 6, 3. 
20,000 eps, up to Hy watts. te - D es than 1% at 
80 watts. Damping Factor: 10. Noise Level: Better than 90 db 
below 100 watts s 500 
Fairchild Model 680-1— Input, 600/150 ohms. Net 

Fairchild jet 680-2—Input, 100K ohms unbalanced: 200K 
ohms balanced. Net Each $330.00 


MODEL 530G 3-SPEED TRANSCRIPTION 


TURNTABLE 

Professional, high quality turntable for broadcast and lab use in 
reproducing 334%, 45 and 78 .- recordings. Ideal for highest 
quality stereo disc playback xtremely accurate in program 
timing at all speeds. Direct gear drive operates from synchronous 

ysteresis motor; no rim slip or over-run clutch slip. Quiet, wow 
and flutter-free drive. Smooth, —— -free power transfer from 
synchronous motor to reduction mec anism in of] bath using three 
positive-action cogged a. ts cueing. Noise, rumble one vibra- 
tion practically non-existe 33.3, 45 and 26 rpm 
Regulation: Absolute Hag within limits of power line i quenc 
Rumble: Meets NARTB specifications, vertically and laterally 
(*1 db, 10-250 cps), 41 db below 7 cm/sec at 1 ke. Measured 
excluding frequencies below 50 cps: 55 db bel low 7 cm/sec. at 1 ke 

utter: Below 0.1‘ yveak, including all frequencies 

between 0 and 500 cps (exceeds NARTB specs) 
Stable , speed reached from motor start in 4% revolution, 35 and 45 
rpm; % revolution at 78 rpm. Cueing by slipping record is prac- 
tieal at any speed. Turnta : 16” dia., undercut at top for soy 
record removal. Meter: 1/20 hp synchronous Power 

120 watts, 110-120 v. AC, 60 cps single phess Size: 24" w.x 24° 4 
x 264" h. (turntable height, 28” NARTB). Finish: sa5 eray 
with buffed aluminum trim. Weight, 256 Ibs. 
Fairchild Model 530G Turntable—Net Each....... 
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Unique in design and application, reliable in performance are two of the many outstanding characteristics of ALL 
FAIRCHILD PROFESSIONAL PRODUCTS. You can specify and recommend FAIRCHILD with confidence. Further per- 


formance data on listed products available: contact 


Fi — | 
SS F A I 4 [ H I L D Recording Equipment Corporation 
Professional Products Division, 10-40 45th Avenue, Long Island City 1, N. Y. 
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(Continued from Page 277) 

relationship between the network parameters and L, and R,, 
while the dependency on g is more complicated. (The term 
1 + Z,/Zz2 can be shown to depend only on K and qg). In 
order to ascertain the frequency at which a given deviation 
from the desired values a = 1, 8 = 1 occurs, a and 8 could 
be calculated using Eqs. (4) to (10). However, it is sim- 
pler and sufficiently accurate to use an electrical analogue of 
Z, and Z. and measure the transfer characteristic of the L 
section, as shown in Fig. 2, with Z; removed. 
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FREQUENCY IN CYCLES PER SECOND 
——@:0°, ---- @= 90°, —-—-@= 180° 


Fic. 5. Frequency response for @—0°, 90° and 180°. 


The influence of a and 8 can be best seen by substituting 
Eq. (4) into Eq. (2), thereby obtaining for the amplitude 
of the volume current 


U =P {[{1 + a? -2acos (8 + cos 0) Kwo]%/ (11) 
| Zs [1 + (2:/Z2)] + 21 |} 
which will yield, for a = 1, 8 = 1 
30° 0° 330° 
r: N 
4 -5 \\ 
3ooe 6o*|/; } -10 / \1\}300° 
\ / 
\ ~ 1-5 / 
270° 90* WN a + 270° 
120° 150° 180° 210° 240° 120° I5SC° 180° 210° 240° 
—— 70 GPS. —— 3200 CPS. 
---- 125 CPS ---- 6000 CPS 
—-—- 500 CPS. —--- 10,000 CPS. 
Fic. 6. Polar response for several frequencies. 
U = 2P {[sin (Kw/2)| (1 + cos 6)/ (12) 


| Zs [1 + (21/Z2)] + 2: |}. 

Assuming small Kw, such that sin (Kw/2) ~ Kw/2, then 

U = P {Ko (1 + cos 6)/ (13) 
| Zs [1 + (21/Z2)] + 2: |}. 

U = U(@) describes a cardioid. With increasing Kw, the 

cardioid pattern will deteriorate, and finally for Kw > 2/2 

or d > /4 the cardioid pattern collapses. 

For values of a and 8 other than 1, numerous polar pat- 

terns may be obtained. a= 0, for instance, represents an 
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omnidirectional pattern; a = 1,8 = Oacosine; a = 1,8 = 
1/3 a hyper-cardioid;> a = 1, 8 = 37/63 a super-cardioid 
polar pattern. 8 < 1 establishes a minimum at cos @ = -8 
of the value 
U =P {(1-a)/| Zs [1+ (Z:/Z2)] + 2:]}. 

Therefore, the interpretation of the polar pattern of the mi- 
crophone immersed in a field of plane progressive waves 
provides a very useful tool for the evaluation of the phase 
shift network employed. 


Fic. 7. Photograph of microphone. 


The choice of g, L; and R, is dictated by both the desired 
front response performance and the desired output level of 
the microphone. Assuming front response (@ = 0), low fre- 
quencies (where a ~ 1, 8 ~ 1, cos oK ~ 1, sin oK ~ oK), 
and R; << R, and L; ~ L, Eq. (11) may be simplified to 

U ~ 2PKo/ (14) 
(R:? “+ w {L,? + [2 (q- 1)/q] Ly Lz 
[1 4 (fo?/f*) } + L;? {1 ail (fo*/f*) 73), 
where f, = Yam (Lz C3)” is the resonance frequency of the 
diaphragm in vacuo. For g large, so that (¢-—1)/q ~ 1, 
Eq. (14) may be simplified to 
U ~ 2PKo/ 
{Ri? + o? (Li + Ls)? [1 - (f:?/f?) }*}4 
with f; = 1/2 |(L; + Lz) C3]” representing the resonance 


frequency of the back entry inertance LZ, plus diaphragm 
(Continued on Page 308) 


(15) 


Glover, op. cit. 


R. P. 
B. B. Bauer, Electronics, op. cit. 
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v Quality Control at AR 


The frequency response of every AR speaker is checked in an anechoic chamber before it is shipped. 


ni- (Many other tests, of course, are also made.) Acoustic Research is one of the very few companies in 
eS the history of loudspeaker manufacturing, so far as we know, that have followed this rigorous practice. 
ise 


7 


4 


’ 
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Silvano Cannavacciuolo, AR inspector, checks a speaker response curve at one of AR’s anechoic chamb The resp curves of the individual drivers 
in the system he is testing have already been recorded and found acceptable at the main anechoic chamber. 


The purpose of such careful quality control is to make sure, as far as is possible, that AR speakers 
provide natural reproduction of music, without rattles, buzzes, distortion, or pseudo-hi-fi exagger- 


ations. 
d , 
of Prices are from $89. to $225. 
P- 
‘ Until now, AR speakers have been sold under a one-year guarantee covering 
materials, labor, and freight to and from the factory. 
) On the basis of our field experience we are now able to extend this guarantee 
to five years. The extension is retroactive, and applies to any AR speakers 
bought since 1956. 
- AR speakers are on demonstration at AR Music Rooms, on the west balcony 
L, of Grand Central Terminal in New York City, and at 52 Brattle Street in canine 
Cambridge, Massachusetts. No sales are made or initiated at these showrooms. na lt 
) Se, 
ACOUSTIC RESEARCH, INC., 24 Thorndike St., Cambridge 41, Mass. “* ; 
e 
n 


Be sure to mention the JoURNAL in replying to our advertisers. 
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(Continued from Page 306) 


inertance L; in conjunction with the diaphragm compliance 
C;. Equation (15) can be represented by a circuit in which 
the pressure 2PKw acts upon a series-impedance consisting 
of R,, L;, Lz and Cy. At frequencies well below f,; the sys- 
tem is stiffness-controlled and U ~ 2PKC,* shows a 12 db 
per octave rise, while for frequencies well above f, the system 
is mass controlled and U ~ 2PK/(L, + Ls) is independent 
of frequency. The intermediate region can be controlled, 
i.e., the diaphragm can be suitably damped, by the acoustic 
resistance R;. The resonance frequency f/; can be decreased 
by increasing the acoustic inertance L, of the back-entry 
path without altering the mechanical resonance frequency 
f, of the diaphragm. This is a useful method for decreasing 
the mechanical shock- sensitivity of the microphone without 
changing its frequency response at the lower frequencies. 
However, the increase in L, also decreases the level of the 
microphone U ~ 2PK/(L,+ L3), since Lz is mainly a 
voltage-generating mass represented by the voice coil. 

It must be observed that the equations derived above are 
based on a number of assumptions: neither d, the effective 
acoustical distance between the diaphragm and the back 
opening, nor the effective area of the diaphragm, which is 
used to transform the mechanical impedance of the dia- 
phragm into its acoustical analogue Z;, are independent of 
frequency ; in addition, the calculations are based on a sound 
field consisting of plane progressive waves (in the case of 
spherical waves, for instance, d is dependent on the distance 
to the sound source); only at low frequencies, furthermore, 
is it permissible to represent the network parameters by 
lumped circuit elements; finally, the effects of the diffraction 
of sound around the microphone have been neglected, al- 
though diffraction contributes significantly to the unidirec- 
tional characteristics at high frequencies. 

The physical forms of the circuit elements, therefore, have 
to be given a suitable geometry in order to present dis- 
tributed impedances which—in combination with the effects 
of diffraction—will perform properly at high frequencies. 
Also, in order to balance some of these effects, it may not 
always be most favorable to aim at the condition a — 1, 
8 = 1 over the entire frequency range of the phase shift 
network. 

Based on the foregoing, a microphone has been designed 
meeting the requirements previously outlined. Particular 
attention has been given to the development of a suitable 
diaphragm, which is shown in Fig. 4. It is molded of Mylar 
polyester film, a material admirably suited for this purpose 
because of its excellent physical and chemical characteristics, 
which are retained over a long period of time. The dia- 
phragm is partially laminated and is contoured to obtain the 
greatest possible ratio of the fundamental to the frequency 
of the first overtone, in order to insure a smooth frequency 
response. The contour, by means of suitably molded pas- 
sages, also permits relatively unimpeded vibrations of air 
underneath the surface of the diaphragm, especially in the 
area where the voice coil connects the diaphragm, thereby 
reducing an acoustical resistance component otherwise in- 
cluded in R;. Another advantage of this contour is the ease 
with which the diaphragm compliance can be controlled by 
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only one dimension of the contour, without changing the 
thickness of the diaphragm material. Of course, larger 
changes of compliance can be obtained by changing the 
thickness of this material—production techniques have been 
developed which easily permit the forming of Mylar as thin 
as 4 mil. 

The frequency response of this system for 6 = 0°, 90°, 
and 180° is shown in Fig. 5, while the polar response for 
various frequencies at a distance of 24 in. from the sound 
source is shown in Fig. 6. As can be seen, a very slightly 
distorted cardioid at 70~ with a 180°-discrimination of 13 
db develops into a true cardioid at 125~ with a 6 db 90°- 
discrimination, therefore indicating a random energy re- 
sponse of 1/3. The 90° discrimination increases with fre- 
quency and reaches a value of 20 db at 10 kc, while at 3.2 
ke a back lobe appears, which increases in magnitude to a 
180°-discrimination of 12 db at 10 kc, tending towards a 
hyper-cardioid performance with a random energy response 
of 1/4. In order to insure rotational symmetry of the polar 
pattern, all microphone parts contributing to acoustical per- 
formance have rotational symmetry with the major axis of 
the microphone as the axis of rotation. 

Figure 7 is a photograph of the completed microphone 
showing a microphone cartridge with its magnetic structure, 
diaphragm and a part of the phase shift network. The mi- 
crophone case provides room for the acoustic capacitance C,, 
a microphone transformer, and a shock mount designed to 
isolate the cartridge from mechanical vibrations transmitted 
through the microphone case. A grille in front of the dia- 
phragm provides suitable blast protection. The case end 
has a conical configuration and can be inserted into a swivel 
mount, if desired. 

The performance of this microphone in talk tests under 
severe conditions is excellent, proving the validity of the 
design principles outlined above. 
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INCOMPARABLY a 
FLEXIBLE — PRECISE - 
ROBUST — HANDSOME a 
SUPERIOR IN 3 
PERFORMANCE... 


The New STUDER C37 


MASTER PROFESSIONAL 
MAGNETIC-TAPE UNIT 


- 


5 i 
From its electronic tape-tension control and automated editing-cutter 
blades to the precise minutes-and-seconds counter . .. from its peak 
wow-and-flutter of less than .075% to the plug-in subassemblies .. . 
C37 has no peer! 


C37 was the hit of the NAB Convention. It will be at the AES 
Show. If your standards are truly high, it will be in your studio. 


For the detailed 6-page Bulletin, write now to Electronic Applications 
Inc., Stamford, Connecticut. And visit our Booth at the AES. 


Be sure to mention the JouRNAL in replying to our advertisers. 
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PHILIP C. ERHORN 


THE NEW MODEL No. 9 


Pett: bt: Be 4 
DELUXE 70 WATT AMPLIFIER 


This luxurious instrument is the only such unit offered 
today with this high an order of construction quality, re- 
liability, and performance characteristics. Whether played 
at low “background-music” levels, or at full overloading 
power, the exceptionally low distortion and high stability 
of this new design results in a clarity and freedom from 
breakup that is virtually unmatched in the field. 

For superior stereo or mono reproduction, America’s lead- 

ing make of quality components offers the finest amplifier 

made today. 

POWER: 70 watts—140 watts peak. Switch for nearly 40 watt triode 
operation. 

RESPONSE: At FULL rated power: within 0.1 db, 20 cps to 20 
ke; within 1 db, 10 eps to 40 ke. At 4% watt: within 1 db, 3 
eps to 40 ke. 

HARMONIC DISTORTION: At FULL rated power: LESS than 
0.1% at mid-frequencies, LESS than 0.3% @ 20 eps and 20 ke. 

HUM & NOISE: BETTER than 90 db below 70 watts. 

OUTPUT IMPEDANCES: 4, 8 and 16 ohms. Also 1 ohm tap for 
center-speaker connection. (This tap not rated to fully meet all 
specs when driving 1 ohm load.) 

CONSTRUCTION: Precision construction throughout. Rigid heavy- 
duty terminal board, machined turret-terminals. Laced wiring 
cables. Silicon diode B+ and bias supplies, with Zener regule- 
tion of first stage. Three Sprague 17D telephone-grade electro- 
lytics. Very cool operation. Heavy front panel with precision- 
machined knobs, d’Arsonval meter, etc. 

TEST SECTION: Built-in complete metered instrument for self- 
testing and balancing of output tubes, and adjustment of driv- 
ing signal balance. No need for matched output tubes. 


CONTROLS: 
Gain Control isolated by thode-foll —phase circuit. 
Phase Switch —for securing sum signal (A + B) in center- 
channel speaker fed by two amplifiers. 
Low Pilter —Subsonic cutoff, LESS than 4 db @ 20 cps, 
-20 db @ 3 eps. 
Test Switch —Metered bias readings (plate current) for 


each output tube. Built-in test signal for 
dynamic balance adjustment. 
TUBE COMPLEMENT: 2- 6DJ8/ECC88, 1- 6CC7, 4- 6CA7/EL34 
1- Zener Diode, 5- Silicon rectifiers. 
OVERALL DIMENSIONS: 15%%”W_ x ~S x » ead Panel— 
15%"W x 734”H. Rack panel— 19”W x 83%4”H 
SHIPPING WEIGHT: 63 pounds 
PRICE: Model 9 Se ak 
Model 9R (rack mounted) - Seletin 
*slightly higher in West 


ef 


_- $324* 
.. $354* 


ALSO AVAILABLE: 


ohms. 


ees Model 970R—same as above rack 
- oF mounted. 
a 
men <2 Been ee Ez 


25-14 Broadway, Long Island City 6, N. Y. 


(Continued from Page 275) 
tion each day, a flip-out section of the lower right compar:- 
ment door brings a test oscillator into view so that level and 
azimuth settings may be easily checked. This oscillator 
may be used for complete console testing, since its output 
appears on the: jackfield at —50 dbm, 150 ohms balanced, 
and at plus 4 dbm, 600 ohms unbalanced. 

The highlights of some of the features of these consoles 
have been described, and the description and pictures serve 
to emphasize a proven physical format featuring convenience 
and efficiency for the operating engineer. Controls and 
other components are quickly accessible for service or re- 
placement, and the interior of the consoles is sprayed with 
a flat white paint which reflects light to all corners. Sloping 
console surfaces are everywhere in evidence, designed to 
discourage coffee drinkers from inadvertently dumping their 
containers of liquid “into the works.” 

At this writing, a few transistor amplifiers are available 
in an interchangeable preamp/line-amp format which have 
proven themselves able to vie with tube amplifiers for our 
use. Noise is still roughly a step or two below the best tube 
amplifiers, but other characteristics actually exceed those 
found in many tube amplifiers. The power supply problem, 
now a ridiculously heavy one, is greatly simplified. There 
is little question but that later versions of these custom 
consoles shall optionally utilize transistor amplifiers. Higher 
gain coupled with higher output capability eliminates the 
need for boosters following the microphone equalizers and 
without jeopardizing the system gain vs signal-to-noise ratio. 


‘The slightly poorer noise characteristics of transistors will 


be compensated by the elimination of one more noise source. 

Pan-pots, so popular on our West Coast, must be included 
in addition to the existing channel-combining features. Slide 
type pan-pots are now available for two- and three-channel 
applications. Two handles and a set of dolly wheels might 
complete the picture, but these consoles will not fit into a 
taxicab as yet. 


Model 970—- 70.7V, 8 ohms(25v), 16 


THE AUTHOR 


Philip C. Erhorn was born March 20, 1917, in New York 
City. He attended Lehigh University, Polytechnic Institute of 
Brooklyn, and Columbia University. He entered the commu- 
nications field via Amateur Radio (W2LAH) and did con- 
struction work in the early days of custom-built-police and 
ship-to-shore radios. Mr. Erhorn gained much practical ex- 
perience during twelve years with the Engineering Operations 
Department at CBS in both radio and TV. During World 
War II, he was chief technician for the Signal Corps for the 
installation and operation of the recording and interpreting 
facilities at the Nuremberg, Germany, War Crimes Trials. He 
left CBS to go into engineering sales with Electro-Voice, Inc. 
of Buchanan, Michigan and for Audio and Video Products 
Corporation of New York City. In March of 1955, Mr. 
Erhorn formed Audiofax Associates, Inc. with Henry C. Olm- 
sted. This firm, now situated at Stony Brook, Long Island, 
constructs custom communications equipment. Mr. Erhorn 
acts as a design consultant in the communications field and spe- 
cializes in the design of studio mixing consoles. He has writ- 
ten numerous published technical articles, including several in 
past issues of this Journal. He has also lectured in the gen- 
eral field of communications. 
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cay Soua-Graph 


New <AW LABORATORY INSTRUMENTS FOR ANALYSIS 


AND CONTROL OF SOUND AND VIBRATION 


®@ Frequency Analysis ® Controlled Time Delays 
® Amplitude Measurement ® Sound Compression and Expansion 


MODEL RECORDER $2950.00 f.0.b. factory ($3245.00 F.A.S., 
New York) 


© 85—12,000 cps 


® Easily stored, permanent or re-usable 
magnetic disc recording. 


The Sona-Graph Model Recorder is a new audio spectro- 
graph for sound and vibration analysis. This instrument 
provides four permanent, storable records of any sample 
of audio energy in the 85-12,000 cps range . . . the three 
visual displays made by the Sona-Graph 661-A plus an 
aural record made on a 12” plastic-base magnetic disc 
which can be stored with the visual records. 


SPECIFICATIONS 


Frequency Range: 85 cps to 12 ke in two switched bands; be removed and stored, or erased and re-used. 
85 cps to 6 kc to 12 ke. 


Frequency Resp : ct 2 db over entire frequency range. 
Flat amplifier characteristic overall. Recording Time: Any selected 2.4 second interval of any 
Recording Medium: Plastic-base magnetic disc that can audio signal within frequency range. 


PERMANENT RECORDS 


Analyzing Filter Bandwidths: 45 and 300 cps. 


DISPLAY NO. 1 DISPLAY NO 2 DISPLAY NO. 3 


Average Ampli- 
tude vs Time. 
Logarithmic scale, 
24 and 34 db 
ranges. 


Intensity vs Fre- 
quency at Selected 
Time. Range: 35 
db. 


Frequency & Am- 
plitude vs Time. 
-4” x 12” record 
on facsimile pa- 
per. 


Frequency 


Amplitude db 


Time intensity 


naw Sona-Sweep 


SWEEP AUDIO FREQUENCY 
and HIGH Q FILTER CIRCUITS 


with the Ease and Precision of 
RF Sweep Technique 


FEATURES 
* Built-In Audio Detector * Zero: Reference Line SWEEP WIDTH: 
* Sharp, Pulse-Type Markers ¢ All-Electronic 20 cps to 20 kc, variable 
* Variable, Pulse-Type Marker * Both Swept and Manual REPETITION RATE: 
from Ext. CW Source Frequency (and scope display) 0.2 to 25 cps, variable 
* Logarithmic and Linear Control OUTPUT LEVEL: 
Frequency Sweep 5.0 volts rms into 600 ohms 
* Variable Sweep Width FREQUENCY RANGE: PRICE: $895.00 F.O.B. Factory ; 
Built-In Attenuators 20 cps to 200 kc, variable $985.00 F.AS. N. Y. 


Write for Complete 


Catalog Information $[MAW ELECTRiIc COMPANY 


Dept. JAE-10, Maple Avenue, Pine Brook, N. J. CApital 6-4000 
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(Continued from Page 281) 


coefficient, S = the area of the absorbing materials, in square 
centimeters, V = volume of the room, in cubic centimeters, 
t = time, in seconds, c = velocity of sound, in centimeters 
per second, and P = power output of the loudspeaker, in 
ergs per second. 


If the sound continues until steady state conditions ob- 
tain, Eq. 4 becomes 


Er = (4P/caS) (1-a). (5) 


The sound energy density due to direct sound from the 
loudspeaker at either the listener or the microphone, in ergs 
per cubic centimeter, is 


Ey = P/(4rD*c) (6) 


where D = distance between the loudspeaker and the ob- 
servation point, in centimeters. 


In order to provide high fidelity sound reinforcing the re- 
flected sound energy density at the listener should not ex- 
ceed the direct sound energy density. Therefore, the dis- 
tance of the loudspeaker from the listener or the distance of 
the loudspeaker from the microphone at which the direct 
sound and reflected sound energy densities from the loud- 
speaker are the same is of interest in illustrating the prob- 
lems of sound reinforcing in rooms. The distance at which 
the direct and reflected sound energy densities from the loud- 
speaker are the same is shown as a function of the volume 
of the room in Fig. 6. The assumptions are a nondirectional 
loudspeaker and an auditorium with optimum reverberation 
time. 


Referring to Fig. 6, it will be seen that the distances are 
quite short for the smaller rooms. However, for rooms below 
10,000 cubic feet there is very little need for a sound re- 
inforcing system except for very special applications, as for 
example a conference table. Employing the above assump- 
tions and the usual arrangement of the loudspeakers, lis- 
teners and the speaker, with a personal microphone there 
are in general no feedback problems in the sound pickup 
system. 


The above exposition shows that for the conditions where 
the direct sound is the predominant factor the personal type 
microphone is superior to other types of pickup because the 
distance between the mouth of the speaker and the micro- 
phone is relatively small compared to other types of pickup 
systems. For highly reverberant conditions the ratio of re- 
flected to direct sound energy can be reduced and the dis- 
tance at which the reflected and direct sound energies are 
equal increased by the use of a directional loudspeaker sys- 
tem. The generally reflected sound energy density from a 
directional loudspeaker is given by 


Er = (4P9/caS) (1-a) (7) 


where 2 = effective solid angle of radiation, in steradians. 
A comparison of equations 5 and 7 show that the reflected 


sound energy density can be reduced by the use of a direc- 
tional loudspeaker. For example, the distance from the 
loudspeaker at which the reflected and direct sound energies 
are equal, for a loudspeaker with an effective solid angle of 
radiation of 7/4 steradians, is four times that of a nondirec- 
tional loudspeaker. (See Fig. 6.) Another or additional ex- 
pedient is the use of a low level sound reinforcing system 
employing a large number of loudspeakers covering the audi- 
ence area with a relatively small distance between the loud- 
speaker and the listeners. On the other hand, in a room in 
which the generally reflected sound is the predominant fac- 
tor at the microphone, the use of a directional type micro- 
phone will provide an improved ratio of original sound to 
generally reflected sound from the loudspeaker system. For 
example, for steady state conditions the ratio of reflected to 
direct sound received by a microphone is the effective rever- 
beration of the collected sound and is given by 


Epr/Ep = (4D*/as) 2 (1-@) (8) 


where D = distance between the loudspeaker and the micro- 
phone, in centimeters, and © = solid angle of reception of 
the microphone, in steradians. 

For a sound reinforcing system operating under severe re- 
verberant conditions, a directional microphone will provide a 
higher order of fidelity of sound reproduction than a nondi- 
rectional personal microphone for the same pickup distance. 


FREQUENCY DISCRIMINATION AND AMPLITUDE 
VARIATION DUE TO THE LOCATION OF THE MICROPHONE 


The normal pickup of sound by means of a microphone 
is in the forward direction with respect to the axis of the 
mouth of the speaker. The personal microphone is located 
at an angle of approximately 90° with respect to the axis of 
the mouth of the speaker, as shown in Fig. 7. The theoretical 
ratio of the sound pressure at the personal microphone fp» 
to the sound pressure /, on the axis of the mouth for the 
same distance from the mouth in both cases is shown in Fig. 
8. Experimental data substantiate the data of Fig. 8. The 
accepted procedure for countering the frequency discrimina- 
tion shown in Fig. 8 is to provide complementary compen- 
sation® in the response of the personal microphone. 

Turning the head to the side introduces a variation of the 
amplitude of the sound pressure at the microphone without 
introducing any additional frequency discrimination. (See 
Fig. 9.). If the head is turned sideways 90°, as shown in 
Fig. 9, there will be a reduction in output level of about 2 
decibels. 


Turning the head downward to read a paper reduces the 
frequency discrimination and increases the amplitude of the 
sound pressure at the microphone. If the head is turned 
downward 45° the frequency discrimination will be as shown 


5 L. M. Wigington and R. M. Carrell, op. cit. 
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Sub-miniature series, 


this leading European 


line offers a 


greater variety of models 


and highest quality. 


Since 1947, Schoeps condenser micro- 
phones have rivalled those of all other 
manufacturers in European studios. 
A test. at your recording or broad- 


. casting facility will demonstrate their 


greater utility and—more important 

—greater fidelity. Consider: 

Both Schoeps microphones offer— 
Smaller size—less obstructive. 
Lower distortion—less trouble with 

high-level overloading. 
Smoother frequency response— 
flat high end. . 
Better front-to-back discrimina- 
tion in cardioid pattern. 
Lower noise level—higher sensi- 
tivity —improved S/N ratio. 


More models available—a micro- 
phone to fit your needs. 


Complete line of accessories—tai- 
lored to fit. 

Sophisticated capsule design— 
fewer parts,simplifiedschematic. 

All-metal diaphragm—unaffected 
by heat. 


Standard Schoeps microphones 
(above, left) offer— 
Quick-change tubes—plug-in, no 
soldering. 
Rugged multiple pattern switch- 
ing system—avoids damage 
when mounting. 


Now! 
Schoeps 


Condenser 
Microphones 


Sub-miniature Schoeps microphones 
(right) offer— 
Interchangeable capsules—reduce 
your initial cost. 
Smaller size—less noticeable. 
Lighter weight—worn with com- 
plete ease. 


Strong claims? Certainly. Can we 
demonstrate? Certainly. Just write a 
note on your letterhead, and we will 
arrange a demonstration that covers 
each claim made—regardless of the 
microphones you may be using now. 
For literature or a demonstration 
(please specify), write to Electro- 
acoustics, Inc., 333 Sixth Avenue, 
New York 14, New York. 


International Electroacoustics, Incorporated 


See our professional exhibit at Booth 13 
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by the dotted curve of Fig. 8. If the response of the micro- 
phone is compensated to be uniform with respect to fre- 
quency for 90°, there will be an increase in high frequency 
response for the 45° condition. The increase in output level 
for turning the head downward 45° will be about 3 decibels. 


AIR BORNE 
SOUND 


MECHANICAL 
VIBRATIONS * 


CLOTH 


PERSONAL 
MICROPHONE 


CABLE 
\-— VIBRATIONS 


Fic. 10. The production of air-borne sound and mechanical vibra- 
tions when the personal microphone is rubbed against the clothing or 
when the cable is moved. 


The change in quality and level with turning of the head 
is an objectionable characteristic of the personal microphone. 


MECHANICALLY GENERATED NOISES 


Movements of the speaker cause the microphone to rub 
against the clothing of the wearer, thereby introducing un- 
desirable sounds. The noise-generating actions are illus- 
trated in Fig. 10. There are two kinds of noise produced, 
namely, the air-borne noise which is picked up by the dia- 
phragm and the mechanical vibrations transmitted through 
the case to the transducer element. Both the air-borne and 
mechanical noise can be reduced by reducing the motion of 
the microphone on the clothing. This can be accomplished 
by holding the microphone by means of a clip instead of 
suspending the microphone by means of a lavalier cord. The 
mechanical vibrations transmitted by motion of the cable 
can be reduced by suitable isolation of the cable from the 
transducer elements. 


TRANSDUCERS FOR PERSONAL MICROPHONES 


The following transducers have been employed in personal 
type microphones: carbon, piezoelectric, ferroelectric, elec- 
trostatic, and dynamic. This section will review some of the 
characteristics of these transducers which are involved in 
considering them for use as personal microphones. 

The carbon transducer has not been used in recent times 
for personal microphones because the noise level is relatively 
high and the fidelity of sound reproduction is poor. 

The piezoelectric (crystal) and ferroelectric (barium tita- 
nate) transducers may be considered to be a generator in 
series with the internal electrical capacitance coupled to the 
load. as shown in Fig. 11. From the system of Fig. 11, the 
ratio of the voltage at the input to the load to the internal 
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generated voltage of the transducer is given by 

€0/€g = joreCra/(1 + joreCee + joreCer) (9) 
where ¢, = input voltage to the load, in volts, eg — internal 
voltage of the generator, in volts, 7, — electrical resistance 
of the load, in ohms, Ceg = electrical capacitance of the 
transducer, in farads, and Cy; — electrical capacitance of 
the cable, in farads. 

If the load electrical resistance is large compared to the 
electrical impedance of the generator, the effect of the cable 
is to introduce a reduction in amplitude without frequency 
discrimination. When the electrical capacitance of the cable 
is equal to the electrical capacitance of the generator, the 
reduction in output is 6 decibels. This is about the maximum 
allowable reduction in amplitude and occurs for a cable 
length of approximately 25 feet. The larger weight of a low 
capacity cable is an objectionable feature for a personal type 
microphone. Since the electrical impedance of the generator 
decreases with increase in frequency, the load electrical re- 
sistance must be larger than the electrical impedance of the 


< J) | 
T 3 Cex fe @o 
ec 
| Wig 
Fic. 11. The equivalent circuit of a crystal, ceramic or electrostatic 
microphone. Cec = electrical capacitance of the microphone; ec = 
open circuit voltage; Cz, = electrical capacitance of the cable; re = 


load electrical resistance including the polarizing resistors in the elec- 
trostatic microphone; e. — voltage across load electrical resistance. 


generator in the low frequency range to prevent frequency 
discrimination against the response in the low frequency 
range. Aside from the above factors the fidelity of perform- 
ance of the microphones can be made very good. 

The circuit diagram of Fig. 11 also applies to the electro- 
static microphone. However, in the case of the electrostatic 
microphone the electrical capacitance of the generator is so 
small that the use of a cable is impractical. As a conse- 
quence, the vacuum tube must be located adjacent to the 
transducer. The polarizing electrical resistors and the bias 
electrical resistors must be quite large in order to prevent 
loss in low frequency response, as can be deduced from the 
circuit diagram of Fig. 11. With the vacuum tube located 
next to the transducer the cable to the microphone unit must 
provide conductors to supply heater, plate and polarizing 
potentials. Aside from the complication and weight of the 
cable there is no problem of cable length from the stand- 
point of performance. A high order of fidelity of sound re- 
production can be obtained from’ the condenser microphone. 

The electrical impedance of the dynamic microphone is 
for all practical purposes an electrical resistance. For the 
low electrical impedance operation (30 to 50 ohms), the 
voice coil can be made with this order of electrical resistance 
and the microphone can be connected directly to the line. 
For the impedances of 150 and 250 ohms a small trans- 
former is required to step up from the electrical impedance 


(Continued on Page 316) 
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GRAVESANER BLATTER / 
GRAVESANO REVIEW 


@ German-English Edition @ Edited by 
Hermann Scherchen, renowned European con- 
ductor, professor and musicologist. Subscrip- 
tions to this fine quarterly review are available 
by arrangement with Experimental Studio 
Gravesano, Gravesano, Switzerland. Articles 
are in English and German. @ Subscription 
cost, $6.00 for one year. Back copies, $1.50 
each. Order in the United States from: 


Audio Engineering Society 
Box 12, Old Chelsea Station 
New York 11, New York 


(Continued from Page 314) 

of the coil to the electrical impedance of the line. With 
transmission in the 30 to.250 ohms range there is no loss in 
output or frequency discrimination even for very long lines. 
Furthermore, the two-conductor shielded cable can be made 
very light in weight. The weight of the dynamic micro- 
phone is probably somewhat greater than that of the crys- 
tal, barium titanate or electrostatic microphones. However, 
the weight of the dynamic microphone is sufficiently small 
so that this is not a consideration. 
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“: special purpose microphones, and accessories which extend the use- portable device for simple and rapid 
e vibration accessory. fulness of the 412 Sound Level analysis of broad-band noises. 
)- 
A 
n 
Send wey for new complete catalog of Soattese 
Amplifiers, Sound Measuring and Analyzing In- 
uf SONIC ELECTRONICS srampente, a — ——~ FM Broadcast 
228 onitors and udspeakers, dustrial Control 
H. H. SCOTT INC., Instrument Division, “ _ — casa 
111 Powdermill Road, Maynard, Mass. 
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(Continued from Page 283) 
not localized as individual sound sources, unless their vol- 
ume is made too great. (Fig. 1.) 
The acoustical properties of the listening room influence 
the sound quality of the reproduction, depending on the 


AB 
++ 
aver ‘2h 


0s 2 5 10 
Reverberation Time, seconds —» 


Fic. 3. Volume difference, Lp-Le, between direct channel and room 
channel, in rooms of different reverberation times. Distances between 
direct microphone and room microphone as shown. Room descrip- 
tions and volumes as in Fig. 2. 


ratio of the listening distance to the echo radius. It is ob- 
vious that the transmission of room information is more 
successful when the reverberation time of the recording 
room is made greater in comparison with that of the repro- 
ducing room. This is because the former covers the faint 
reverberation of the latter. Furthermore, if the recording 
room is larger in size than the listening room, there is less 
danger of improperly placing the room loudspeakers, due to 
the larger time lag of the room channel. 

It can be expected that the optimum loudness of the room 
channel will change with the size and reverberation time of 
the recording room. The following simple experiments have 
been made in order to test this hypothesis: 

In six rooms of different sizes and reverberation times 
(Fig. 2), spoken words were recorded with a “room micro- 
phone” located at various distances from the sound source, 
these distances being multiples of the echo radius. A loud- 
speaker served as the sound source, reproducing uniformly 
the recorded text which had been spoken in an anechoic 
room and recorded on tape. The direct channel was recorded 
electrically and not through a microphone, in order to keep 
it free from reverberation. In order to test the influence of 
the time lag on the room channel, three recordings were 
made in the echo chamber with different microphone dis- 
tances. Eight two-channel recordings were made and then 
reproduced in a room with living-room characteristics (room 
volume approximately 2700 cubic feet, reverberation time 
approximately 0.6 sec) in the following manner: The direct 
channel was reproduced through a loudspeaker system (radio 
cabinet of older construction), whereas the room channel 
was reproduced through four individual loudspeakers located 
in the four corners of the room. The mean volume of the 
direct channel was set to 67 phons which corresponds ap- 
proximately to the natural voice volume. 

The test person was seated in the center of the room and 
asked to adjust the volume of the room channel to one, then 
the other, of two extreme values. At first the volume was 
to be held so low that the introduction of the room channel 


KLAUS WENDT 


resulted in a hardly noticeable change (L,;,). (The test 
person checked this effect by switching the room channel on 
and off.) Then the room channel volume was to be adjusted 
so loud that even an untrained test listener would have no- 
ticed clearly the inclusion of additional loudspeakers (Ly,9-). 
In order to concentrate his attention on these problems, use 
was made of foreign-language texts (Hungarian and Czecho- 
slovakian). Each text was recited for approximately two 
minutes. The obtained minimum and maximum level ad- 
justment values (L,,;, and Lyng.) were averaged and from 
these results the mean value of Lz was again calculated. L, 
is designated experimentally as “optimum volume” of the 
room channel. 

Due to the large instantaneous variations in the level of 
speech, the volume measurement could not be made by 
simply reading the volume indicator. Instead, a high-speed 
level recorder was used to record the levels, and the levels 
later determined from this visible record. The loudness 
values were always found to lie approximately 5 db below 
the peak levels and 5 db above the most frequently observed 
levels. 


Figure 3 shows the difference in volume between the 
channels vs the reverberation times of the recording rooms, 
whose influence on Lz can be seen. This effect was to be ex- 
pected, since the change in sound impression certainly in- 
creases with increasing reverberation time. (In all test cases, 
the mean value of Lz lies below the volume L» of the direct 
channel.) 


Level Difference, db 


= 


05 1.0 2.0 50 10.0 


Reverberation Time, seconds 


Fic. 4. Level difference between minimum and maximum loudness 
of the room channel vs reverberation time. 


In acoustically “dead” (non-reverberant) recording rooms, 
Lx is close to Lp, whereas in rooms with a strong reverber- 
ation, Lz lies approximately 20 phons below Lp. It is sur- 
prising that the lower limit, where the influence of the room 
can barely be perceived, lies approximately 30 phons below 
the loudness of the direct channel. Figure 4 shows the differ- 
ence in level between upper and lower limits of the room 
channel volume. In our test rooms this level difference lies 
between 14 and 22 db. 

In the echo chamber (with an echo radius of approxi- 
mately 8 in.) three recordings were taken employing room 

(Continued on Page 320) 
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SCULLY DISC RECORDING 
EQUIPMENT IS AVAILABLE 
IN A VARIETY OF FORMS 
TO SUIT THE CUSTOMER'S 
SPECIFIC REQUIREMENTS, 
RANGING FROM THE BASIC 
LATHE TO THE 601 SYSTEM. 


aes 


THE MODEL 6011S THE ONLY. 


COMPLETELY AUTOMATED 
DISC MASTERING SYSTEM. 
MONO OR STEREO BY PUSHING 
A SINGLE BUTTON. VISUAL 
AND AURAL MONITORING OF 
ALL FUNCTIONS INCLUDING 
PHASING OF STEREO SIGNALS. 
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AUDIO ENGINEER 


If you enjoy complex tests requiring appli- 
cation of advanced audio electronics knowl- 
edge, would like to plan, conduct and re- 
port on assigned projects, appreciate non- 
commercial research, suburban laboratory 
location, satisfaction of seeing your work 
published, and if you have five years mini- 
mum electronics experience, Consumers Union 
(non-profit, independent testing organization) 
has challenging opportunity for you. Salary 
open. For further information, call Mr. Nagel, 
MO 4-6400, or write: 


CONSUMERS UNION 
Publisher of Consumer Reports 
Mount Vernon, New York 


EXCLUSIVE NEW STROBE 
DEVICE FOR CHECKING 
TAPE SPEEDS OF PLAYERS 
AND TAPE RECORDERS 


Checks drag brake efficiency. 

Adjustable to varying tape heights. 

Can be applied directly to moving tape. 

Finest parts and construction used throughout. 

Diameter accuracy .0002” 

Calibrated for tape speeds ranging from 17% ips to 30 ips for 
either 50 cycles per sec. or 60 cycles per sec. light source. 
Comes complete in handsome grey and red instrument case. 


Model A: 7%, 15 & 30 ips........seeeeeececeees $22.50 
Model B: 3%, 7% & 15 ips .......eceececeeceees $22.50 
Model C: 1%, 3%, 7¥2 & 15 ips ....-. eee ee eeeeees $24.50 


For 50 cycle add $5.00 to price of model. Send check to: 


Scott Instrument Labs. 


17 EAST 48th STREET, NEW YORK 17, N. Y. 
Once you've tried the Tape Strobe, you'll never do without it. 


Immediately indicates off speeds as well as tape slippage. 
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(Continued from Page 318) 
microphones located at different distances from the sound 
source (at 6, 12, and 24 ft respectively). The influence of 
the time lag of the room channel (6, 12, and 24 ms) be- 
comes evident in its result in Fig. 3. An increase in time lag 
gives smaller values of Lr. 

Each of the levels shown was obtained from 20 individual 
test results, each for L,,;, and Ly o,.. All tests were per- 
formed with the same persons. The test values can easily be 
reproduced. This became evident when we repeated a whole 
series of measurements three weeks later, and the deviation 
between the mean values of the old and the new test series 
amounted to only 1.3 db. 

In the foregoing we drew your attention to a transmission 
system different from stereophony which presents an im- 
provement over single channel reproduction. This procedure 
is perfectly compatible with single-channel transmission. 
Compared to two-channel stereophony, the transmission of 
room information calls for less effort. The two channels do 
not have to be alike in amplitude and phase. The require- 
ments for the bandwidth of the “room” channel are con- 
siderably lower than those for the transmission of “direct” 
information. With this procedure, the reproduction is satis- 
factory not only within a certain center zone, but almost 
anywhere in the room. While stereophony may convey the 
impression that the sound source is located within the re- 
production room, the transmission of room information may 
produce the illusion in the listener that he is located in the 


performance room itself, except that he cannot locate the 
sound sources. 
“9 


Translator’s comment: Note that all of the above tests 
were done to determine the perceptibility of the “room” 
channel with speech; we have found that, for the transmis- 
sion of music, the desirable level of the “room” channel ap- 
proaches that of the “direct” channel. Although the relative 
levels of the channels are such that the sound still appears 
to be coming from the “direct” speaker, and the “room” 
speakers cannot be heard per se when the “direct” speaker 
is on, the effect of disconnecting the “room” channel should, 
in our experience, be very obvious. 


CALL FOR SHORT PAPERS 


We urge members and friends to let 
us see manuscripts one Journal- 
page long or less for the Letters to 
the Editor section. See inside front 


cover for ms. information. 
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23 AM-131 Disk recording Lathe 


pce ee : ~ =). 


LYREC SM-8/3A Synchronous Drive 


THE NEUMANN MASTER DISK RECORDING LATHE AND THE LYREC 3 SPEED SYNCHRO- 
NOUS MOTOR* — Together, they produce flawless fidelity disks for many dis- 
criminating companies coast-to-coast. The motor, constructed of the finest 
Swedish steel, is actually three separate motors in one, operating without 
belts, gears, or chains, for the greatest possible synchronous precision. World 
famous for condenser microphone craftsmanship, Neumann has spared 
nothing to achieve the ultimate in disk recording. Everything is included: 
standard U.S. inspection microscope, stylus heating, vacuum chuck turntable, 
suction fixtures, automatic cutter lift, and much, much more. All lathe 
models are equipped with the same LYREC synchronous drive. Prices range 
from $4150 (pictured above) to $12,000 by purchase or lease. Whether 
you're planning your first lathe, considering an addition, or converting your 
present lathe to the LYREC synchronous drive, write or wire collect for com- 
plete information to Dept. L. 

*Electronic 16 2/3 rpm speed converter available as an accessory. 


GOTHAM AUDIO CORPORATION 


2 W. 46 St., New York 36, N.Y.(212)CO5-4111 + 1710 N. La Brea, Hollywood 28, Cal. (213) HO 5-4111 
IN CANADA: . Gotham Audio Div. A. T. R. Armstrong Ltd., 700 Weston Rd., Toronto, Ontario 


Be sure to mention the JourRNAL in replying to our advertisers. 
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Current Publications on Audio 
BOOK REVIEW 


Technik Der Magnetspeicher (Techniques of Magnetic Storage), 
Fritz Winckev. Springer Verlag, Berlin, G6ttingen, Heidelberg, 
Germany, 1960; 614 pages, 325 figures and illustrations. Price $18. 
The author, who teaches at the Technical University of Berlin, was 

successful in collecting fifteen original contributions by well-known 

European scientists and engineers, all of whom contributed by original 

research and development to the growth of the field of magnetic 

recording techniques. 

It is particularly regrettable in the case of this book that so few of 
the American specialists in this field can follow the German text easily, 
because the amount of specific information published here is not easily 
accessible elsewhere in the current literature. 

The book starts with a chapter by Prof. M. Kersten, University of 
Aachen, Germany, on basic principles of magnetism. As Kersten points 
out, there is a certain amount of confusion in the international litera- 
ture with respect to the use of magnetic quantities and their dimen- 
sions. For use with this book he presents a very clearly written treatise 
on basic theories and equations of magnetics, which serves as a strict 
guide for the clear understanding of the following chapters. 

This chapter is followed by a contribution by O. Schmidbauer from 
the Central Broadcasting Research Institute, Munich. It contains a 
detailed theoretical analysis of recording and reproduction on tape, 
including the role played by the bias of ultrasonic frequency which is 
superimposed on the signal to be recorded. 

A primarily theoretical treatise by G. Schwantke, discussing the 
value of different model theories for the explanation of the magnetic 
recording process, follows. This chapter investigates the value of the 
model suggested by Preisach for the explanation of the effects which 


can be observed in practical recording. 

W. Guckenburg, formerly of the Heinrich-Hertz Institute, Berlin, 
Germany, and now with CBS Laboratories, Stamford, Connecticut, 
who developed methods for making magnetic pattern of recordings on 
tape visible, describes his method and shows photographic reproduc- 
tions of recording patterns. 

Then follows a chapter by E. Schueller with primarily practical 
technology on tape deck designs and design considerations. The 
author of this chapter participated in the early stages of the develop- 
ment of tape recorders in Germany. 

The application of magnetic sound recording in the motion picture 
field, as synchronized with the optical recording on film, is treated by 
K. E. Gondesen, Munich. Basic principles are discussed and equip- 
ment of German origin is illustrated. 

H. Wehde, Wedel, Germany, treats wide frequency band recording 
methods, primarily for application as television picture storage. Ger- 
man, American, and British methods and components are discussed. 

After this chapter containing discussions of basic theories and tech- 
niques, the late F. Enkel, formerly of the Broadcasting Studios, 
Cologne, discusses tape properties and accessory equipment as used 
in studio installations. 

In the next chapter, H. Billing, Munich, discusses magnetic data 
storage principles which differ from the recording methods of acousti- 
cal and optical signals dealt with in the preceding chapters. His con- 
tribution is also of a descriptive technological nature and contains 
only few theoretical considerations. 

Similarly, the contribution by R. Piloty, Stuttgart, deals with 
the field of digital storage devices using magnetic recording principles. 

A general discussion of the measuring technique of magnetic record- 
ing equipment is given by W. Kallenbach of the German Bureau of 
Standards, Braunschweig. 

The well-known author of a classic book on magnetic recording, 
F. Krones, formerly Vienna, now with Agfa Laboratories, Lever- 


FOR MONITOR AND 


The FISHER FMR-1 represents the most advanced state 
of the art in professional tuner design. For direct off- 
the-air relay service, it is more economical, more flexible 
and provides far better fidelity than even the best tele- 
phone lines. Ruggedly built, the FMR-1 has been de- 
signed for continuous operation under varying tempera- 
ture and reception conditions—without loss of stability 
or service interruption. It is completely equipped for 
outstanding performance in Stereo Multiplex operation. 

$429.50 


TECHNICAL SPECIFICATIONS 


@ 1.5 uv for 30 db quieting. = 6 I.F. stages. = 5 Limiters. 
a Equipped with tuneable and crystal front ends. Each 
has 4 tuned circuits. = 1.3 db capture ratio. = Drift 
(tuneable front end) 0.004% with AFC. = Plug-in 
crystal-controlled front-end for unattended operation. 
ws Outputs for diversity operation. s VU meter with 
9-position switch (—10 to +20 db, on both chan- 
nels.) = Signal-strength tuning meter. = Standard 19” 
rack panel, 514” high x 13” deep. 


Announcing the Nw FISHER Network FM Tuner 


RELAY APPLICATIONS 


1 


USE THIS CONVENIENT COUPON 
FISHER RADIO CORPORATION - L.1. CITY 1,N.Y¥. 1 


Please send literature on the FISHER FMR-1 


Company or Station 


Name Title 


Address 
City State 
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SECTION MEETINGS 323 


kusen, has contributed two chapters on the basic theory of magnetic would probably only be true, however, on the West Coast. Never- 
storage devices and the electroacoustic properties of magnetic tapes. theless, congratulations to the Los Angeles section. 

The first chapter contains the most complete information on magnetic 

recorders and their working principles available in book form today. Los Angeles, Revue Studios, North Hollywood, California, June 27 


The chapter on tape properties contains tables, curves and numerical Program: “Development in Magnetic Striping of 8mm Sound Film” 
values of the properties of tapes on the international market which is by Ed Schmidt, vice president of Reeves Soundcraft Corp. The 
probably the most complete collection of data available. paper was read by Bruce MacPherson, western division manager. 


Finally, H. Schiesser, of the Broadcast Research Institute, Hamburg, 
reviews in his contribution all national and some international stand- 
ards in magnetic tape recording techniques. 


About fifty members had dinner first at Bill Storey’s Restaurant in 
North Hollywood before going on to Revue Studios. They were joined 
iy - at the movie studios by twenty-five more members. Mr. MacPher- 

Tables follow giving the length of tapes for different tape speeds on’, talk was very well received, judging by interest shown in the 
per time unit; these were computed by W. Grau. questions following the meeting. Afterwards Bill Driscoll and Watty 

Obviously a book consisting of the contributions of fourteen authors Watson, chief sound engineer of Revue, conducted the group through 
and with aspects reaching from pure technology to pure theory cannot the studios and demonstrated the striping of 35mm film. The tour 
be very homogeneous; it must be considered as a handbook with dif- _ included visiting sets used in the movie, “Flower Drum Song.” 
ferent chapters, in spite of the editing work done by F. Winckel. But 
as such, it contains more information on magnetic recording than any Los Angeles, Knickerbocker Hotel, Los Angeles, July 25 


other book in the international bibliography known to the reviewer. Program: The first speaker, Harold N. Parker of Calbest Electronics 
Hettmuts Etzoip spoke on “Technical Aspects of the FM Multiplex System Author- 
Audio Consultant ized by the FCC.” William M. Tomberlin of KMLA-FM spoke 


next on “The Plans of FM Stations for Multiplexing Stereo.” 


The timely subject produced an excellent turnout. In fact, well over 

Summer Section Meetings a hundred people, the largest audience for a tour-meeting in a long 

time, greeted Messrs. Parker and Tomberlin. Members and guests 

Summer meetings are scarce but we should like to report on the were very pleased with the amount of information that was given by 
two well-attended ones which took place in June and July in Los’ the speakers and asked many questions, nearly all of which the 
Angeles. It is apparent from these reports that timely subjects dis- speakers were able to answer. Forty-five members met for dinner 
cussed by authorities can draw good crowds in spite of summer. This before the meeting in the Hollywood Room of the Knickerbocker. 


MOST COMPLETE SOURCE FOR a 
THE PROFESSIONAL TRADE! 


SONOCRAFT. 


Now revactable 
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new professional catalog A-71 on request 
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What’s 


your 
residual? 


no, No, NO! we don’t mean that. We're 
talking about the residual IM (leakage) in your 
IM meter. If your meter is anything except an AI, 
the residual is probably 0.2 to 0.5%. But a high 
quality amplifier itself should have less than 
0.25% at normal listening levels. Are you meas- 
uring your amplifiers or are you measuring the 
imperfections of your meter? 

Here’s how you can tell: Connect the signal 
generator output of your meter directly to the 
input terminals of its analyzer section, then 
measure the IM. Don’t connect any amplifiers 
in at all. If you get a reading of over 0.05%, 
reach for your requisition pad and order an ai 
Model 168 or 168D. 


fe | | intermodulation meters have six delicious features. 
compact—on 83%,” x 19” panel 
wide low frequency range—40 to 200 or 400 cps 
wide high frequency range—2000 to 20,000 cps 
low residual IM (leakage)—under 0.05% 
vtvm included—30, 100, 300 mv; 1, 3, 10, 30, 

100 volts, full scale 

low price 


used by such leading equipment manufacturers as: 
Admiral, Ampro, Arvin, Blonder-Tongue, Boeing, 
Bogen, Fairchild, GE, Hazeltine, Langevin, Low- 
rey Organ, Marantz, N. V. Philips, Radio Crafts- 
men, RCA, Rock-Ola, Seeburg, Sonotone, Stan- 
cor, Stromberg Carlson, Warwick and leading 
recording organizations like RCA and Capitol. 


DO YOU KNOW ABOUT OUR NEW MODEL 168D? 


Write for new Catalog A-10 


See our exhibit 
at Fall Convention — Booth 26 


H. E. MEINEMA, H. A. JOHNSON AND W. C. LAUBE, JR. 


(Continued from Page 289) 


D,= WntAt+d® FOR n REFLECTIONS 


Fic. 11. Sound transmission in a hallway. 


above, the delay times involved result in a multiplicity of 
peaks and valleys throughout the frequency response. (Such 
behavior is inevitable in the usual auditorium; the important 
element is that there be plenty of peaks closely spaced, other- 
wise the valleys are construed as “holes” and the isolated 
peaks stand out as eigentones.) Distortion as here defined 
is the existence of spurious frequencies in the output which 
did not exist in the input. Thus the “peak and valley” be- 
havior of this type of auxiliary channel does not constitute 
distortion, nor does it in the usual room. Further, excessive 
reverberation of the very low and very high frequencies was 
found by subjective listening tests to be very undesirable. 
Our experiments here also agree with some observations 
noted in the literature.'* 


It should also be noted that subjective listening tests—a 
sine qua non in the audio field—have shown that the human 


rd re ar 


ETC. 
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AMPLITUDE 
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AMPLITUDE 


— 


t=0 TIME 
(A) 


Fic. 12. Delay line transmission behavior. (A) Delay line output 
for single pulse input at time t —0. T = delay time for line; Rx not 
equal to Z. nor equal to 0. (B) Frequency response for same delay 
line. 
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RELATIVE FREQUENCY 
(8) 


13 Pp, E. Axon, C. L. S. Gilford and D. E. L. Shorter, “Artificial 
Reverberation,” J. Audio Eng. Soc. 5, 218-237 (1957). 
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A NEW REVERBERATION DEVICE FOR HIGH FIDELITY SYSTEMS 


ear definitely perceives either the individual delay time steps 
in an acoustic signal or some function of it such as the fre- 
quency differentials. It is generally interpreted as an 
“apparent room size.” This is invariably a relative and 
subjective impression, however, and includes quite a wide 
tolerance within the area of desirability. The initial re- 
quirements mentioned earlier in this paper also bear out 
this observation. 


USE OF DELAY LINES 


As has been pointed out by Axon, Gilford & Shorter as 
well as others'*-"* a reflective delay line will respond to a 
pulse in the fashion shown in Fig. 12(a), and consequently 
will have a frequency response of the typical form shown in 
Fig. 12(b). If then we have two (or more) delay lines and 
combine their outputs, we are able to synthesize the acous- 
tics of a room of given size by matching the delay times of 
the lines to those of the desired room dimensions. 

In the delay line, however, the signal travels both ways 
between reflections with respect to the output end alone. 
Therefore the time T really represents twice the delay time 


: _ 
0 TIME RESPONSE OF 
agees Ray CHANNEL 
§ = APPROX, 300 CRS. 
7— 
ry) 
a 
— 
= 
> 
5 1 — 
E 
< 
50+ . 
x me ee. er 
id 0 1 2 
DECAY TIME, SECONDS 
Fic. 13. Typical decay time curve for reverberation spring. 


T, of the line to be used. Therefore 
T = 2T, = A/1100, (37) 
and thus 
22007, = A. (38) 
Now if our delay line is a spring whose length is ¢ turns 
and signal velocity is V,, turns per second, then the delay 
time becomes 
,= ta/Vre (39) 
and therefore 
A = 2200t4/V,, and B= 2200ts/V,.. (40) 
For this reverberation device, the “apparent room dimen- 


sions” can thus be calculated. 
(Continued on following page) 


14 Circuit Notes No. VI (October, 1958), Valor Instruments, Inc., 
Gardena, California. 
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Do you 


have trouble 


ai xa 


with your pa? 


If you design large public address 
systems, do you have trouble with 
echo, inadequate coverage, areas of 
confusion? Do your customers look 
scathingly at youP Use time delay 
and the Fay-Hall (Haas) effect to 
allow differently located loudspeakers 
without aural confusion. 


Model 301 Magnetic Tape Time Delay 
Unit is especially helpful in large 
auditoriums with deep balconies, and 
in large halls and ball parks where 
tricky acoustics forces use of auxiliary 
booster speakers in bad areas. 


Used in such well known places as 
Madison Square Garden, United Na- 
tions Plenary Hall, the Calgary and 
Edmonton Auditoriums, Temple 
Beth-El (New York) and the ball 
park in Louisville. 


5 s . - 
oe Shee a" 


Write for Catalog Sheet A-301. 


See our exhibit 
at Fall Convention — Booth 26 


_ audio instrument co., inc. 
Stak Nias tivtoein, New York 11, ? 
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(A) (B) (C) 
Fic. 14. Photograph of Hammond reverberation units: (A) Original 
oil-damped unit; (B) Type 2 “Necklace” unit (3 springs) ; (C) Type 
4 unit. 


DECAY OR REVERBERATION TIME 


The literature is replete with recommendations as to the 
optimum reverberation time characteristics for auditoria of 
various sizes and for various purposes.’*"®'* It suffices to 
mention here that the design goal that was mentioned earlier 
was reached, i.e., the decay time is in the vicinity of 2 sec- 
onds for 60 db of attenuation. Figure i3 shows a typical 
curve of decay vs time for one delay channel. Note the 
distinct steps in the attenuation if one channel alone is 
employed. This is quite typical of such performance, and 
in that case the steps are quite audible, as in a concrete 
tunnel. However two or more channels, having different 
delays, quite effectively mask out this “flutter” resulting in 
a very satisfactory synthesis of room reverberation. 

Figure 14 shows the three reverberation devices manu- 
factured by the Hammond Organ Company. The original 
oil-damped unit is shown in Fig. 14A, and the three-spring 
“necklace” type unit* using the principles described in this 
paper is shown in Fig. 14B. Both of these devices have 
been used primarily in our organ line. The Type 4 Rever- 
beration unit* appearing in Fig. 14C was designed in this 
more compact form to be of maximum utility as a hi-fi com- 
ponent. 
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HEAD HUNTERS! 


LANG ELECTRONICS offers a service through 
which the useful life of most Ampex head assem- 
blies can be extended economically. 

All heads are subject to our inspection to deter- 
mine desirability of reconditioning. Heads re- 
conditioned by us can be expected to have a 
useful life equal to or greater than before 
reconditioning. 

LANG guarantees that every head we recon- 
dition will equal or exceed standard specifications 


with respect to frequency response and level for 
its make and model. 

Some of our many satisfied clients include: 
Decca Records; American, National and Mutual 
Broadcasting Companies; Vanguard Records; 
Coastal Records; Capitol Records; Olmstead 
Sound Studios; Reeves Soundcraft; Elektra Rec- 
ords; Dubbings; National Tape Service; U. S. 
Information Agency and others. 


Partial (AM P EX stereo head assembly (3 heads) . . . . $95.00 
Price +AMPE X half-track head assembly (3 heads) ... 90.00 
Schedule| A M P EX full-track assembly (3 heads) ..... 70.00 


LANG ELECTRONICS INC. 


507 Fifth Avenue, New York City 


MUrray Hill 2-7147 
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—CIRCUMAURAL 
EAR PHONES 


A MAJOR BREAKTHROUGH 
IN STEREO REPRODUCTION! 


Converting electrical energy into faithful sound repro- 
duction is a constant engineering problem involving an 
array of speaker systems, acoustically prepared rooms, 
etc., to give that intangible quality called “‘presence”—the 
ability to reproduce sound so that it creates a sense of 
reality to the human ear. Sharpe Live Tone Circumaural 

arphones solve these problems and offer many unique 
engineering advances—from liquid-seal noise-excluding 
ear pads which exert no pressure on the ear to built-in 
acoustical damping. 

_Live Tone Earphones are tested with a specially 
designed artificial ear that duplicates the characteristics 
of the human ear. Thus, when we claim a flat frequency 
response from 30 to 11,000 cycles + 3db, (total response 
15 to 20,000 cycles) you can be sure that this is an ac- 
curate indication of the live-tone performance sound you 
will hear from your Live Tone Earphones. 

harpe Circumaural Earphones meet every require- 
ment in the field of Audio Engineering, Aviation, Lan- 
guage Laboratories, Audio-analgesia, Music Libraries, etc. 


For full information and free brochure, see your nearest dealer or write to 


E. J. Sharpe Instruments, Inc. 
965 Maryvale Drive, Buffalo 25, New York 


E, J. Sharpe Instruments of Canada Limited 
6080 Yonge Street, Willowdale, Ontario 
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